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Foreword

ISO (the

International Organization for Standardization) and IEC (the International Electrotechnical

Commission) form the specialized system for worldwide standardization. National bodies that are members of
ISO or IEC participate in the development of International Standards through technical committees

establisHed by the respeciive organization 1o deal with pariicular fields of technical activity. ISO and JELC

technica

and nontgovernmental, in liaison with 1ISO and IEC, also take part in the work. In the field of infermation
technology, ISO and IEC have established a joint technical committee, ISO/IEC JTC 1.

Internati@

The maip task of the joint technical committee is to prepare International Standards. |Praft International
Standards adopted by the joint technical committee are circulated to national bodies for.voting. Publication as
an International Standard requires approval by at least 75 % of the national bodies castihg a vote.

ISO/IEC|23003-3 was prepared by Joint Technical Committee ISO/IEC JTC1, Information technolog)
Subcommittee SC 29, Coding of audio, picture, multimedia and hypermedia information.

ISO/IEC 23003 consists of the following parts, under the general title fnformation technology — MPEG audio
technologies:

—  Part

—  Part

—  Part

committees collaborate in fields of mutual interest. Other international organizations, governmental

nal Standards are drafted in accordance with the rules given in the ISO/IEC Directives, Part 2.

1: MPEG Surround
2: Spatial Audio Object Coding (SAOC)

3: Unified speech and audio coding

© ISO/IEC 2012 — All rights reserved
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2012(E)

As mobile appliances become multi-functional, multiple devices converge into a single device. Typically, a

wide variety of multimedia content is required to be played on or streamed to these mobile devices,
audio data that consists of a mix of speech and music.

including

his part of ISO/IEC 23003 Unified Speech and Audio Coding (USAC) is a new audio coding stan
llows for coding of speech, audio or any mixture of speech and audio with a consistent audioe_qua

Hard that
ity for all

und material over a wide range of bitrates. It supports single and multi-channel coding at high bitfates and

rovides perceptually transparent quality. At the same time, it enables very efficient coding.at very loy
hile retaining the full audio bandwidth.

here previous audio codecs had specific strengths in coding either speech or audio content, USAC
ncode all content equally well, regardless of the content type.

In order to achieve equally good quality for coding audio and speech, the developers of USAC emp
roven MDCT-based transform coding techniques known from MPEG*4 audio and combined tk
ecialized speech coder elements like ACELP. Parametric coding\tools such as MPEG-4 spec
replication (SBR) and MPEG-D MPEG surround were enhanced,and tightly integrated into the co
result delivers highly efficient coding and operates down to the fowest bit rates.

he main focus of this codec are applications in the field of\typical broadcast scenarios, multi-media g
td mobile devices, user-generated content such as podcasts, digital radio, mobile TV, audio books, et

Tlhe International Organization for Standardization(ISO) and International Electrotechnical Commiss
draw attention to the fact that it is claimed that compliance with this document may involve the use of

IO and the IEC take no position concerning-the evidence, validity and scope of this patent right.

Tihe holder of this patent right has-assured ISO and the IEC that he is willing to negotiate licenc
reasonable and non-discriminatory terms and conditions with applicants throughout the world. In thig
the statement of the holder of this patent right is registered with ISO and the IEC. Information may be
from the companies listed inAnnex G.

I

ttention is drawn to the possibility that some of the elements of this document may be the subject
ghts other than thoge-jidentified in Annex G. ISO and the IEC shall not be held responsible for identi
r all such patent rights.

o =

v bitrates

s able to

oyed the
em with
ral band
dec. The

ownload

)

on (IEC)
patents.

es under
respect,
obtained

of patent
fying any
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Information technology — MPEG audio technologies —

Part 3:
Unified speech and audio coding

_—

Scope

his part of ISO/IEC 23003 specifies a unfied speech and audio codec which is)capable of codin
aving an arbitrary mix of speech and audio content. The codec has a perforiance comparable to
han the best known coding technology that might be tailored specifically to coding of either speech o
udio content. The codec supports single and multi-channel coding at high~bitrates and provides per
ansparent quality. At the same time, it enables very efficient coding at very low bitrates while retainir
udio bandwidth.

Q = Q = 3

revious MPEG standards: perceptually shaped quantization{ioise, parametric coding of the upper
pgion and parametric coding of the stereo sound stage. However, it combines these well-known p
bchniques with a source coding technique: a model of sounad production, specifically that of human s

= = 30 -

342 Normative references

—]

he following referenced documents are “indispensible for the application of this document. For
pferences, the latest edition of the referenced document (including any amendments) applies.

—

BO/IEC 14496-3, Information technology — Coding of audio-visual objects — Part 3: Audio

BO/IEC 23003-1, Information.technology — MPEG audio technologies — Part 1: MPEG Surround

L)

Terms, definitions, symbols and abbreviated terms

3.1 Terms{and definitions

-

or the/purposes of this document, the terms and definitions given in ISO/IEC 14496-3, ISO/IEC 230
ne_following apply.

—

j signals
or better
I general
ceptually
g the full

his part of ISO/IEC 23003 incorporates several perceptually<based compression techniques devegloped in

spectrum
brceptual
beech.

undated

03-1 and

3141
algebraic codebook

fixed codebook where an algebraic code is used to populate the excitation vectors (innovation vectors)

NOTE The excitation contains a small number of nonzero pulses with predefined interlaced sets of potential

positions.

The amplitudes and positions of the pulses of the kth excitation codevector can be derived from its index k through a rule
requiring no or minimal physical storage, in contrast with stochastic codebooks whereby the path from the index to the

associated codevector involves look-up tables.

© ISO/IEC 2012 — All rights reserved
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3.1.2

AVQ

Algebraic Vector Quantizer

process associating, to an input block of 8 coefficients, the nearest neighbour from an 8-dimensional lattice
and a set of binary indices to represent the selected lattice point

NOTE The above definition describes the encoder. At the decoder, AVQ describes the process to obtain, from the
received set of binary indices, the 8-dimensional lattice point that was selected at the encoder.

313

closed-lpop pitch

result of the adaptive codebook search, a process of estimating the pitch (lag) value from the weighted inpt
speech gnd the long-term filter state

—

NOTE In the closed-loop search, the lag is searched using error minimization loop (analysis-by-synthesis).) In USAC
closed-logp pitch search is performed for every subframe.

314
fractional pitch
set of pitch lag values having sub-sample resolution

NOTE In the LPD USAC, a sub-sample resolution of 1/4™ or 1/2" of a sample is used:

3.1.5
ZIR

zero input response
output of a filter due to past inputs, i.e. due to the present state .of the filter, given that an input of zeros is
applied

3.2 Symbols and abbreviated terms

For the purposes of this document, the symbols and ‘abbreviated terms given in ISO/IEC 14496-3 and the
following|apply.

ACELP Algebraic Code-Excited Linear Predictor

PVC Predictive Vector Coding
uclbf unary code, left bit first
NOTE "left bit first" refers to_the order in which the unary codes are received. The value is encoded using fa

conventiopal unary code, where any decimal value d is represented by d ‘1’ bits followed by one ‘0’ stop-bit.

USAC Unified Speech and Audio Coding

4 Tedhnical Overview

4.1 Decoderblockdiagram

The block diagram of the USAC decoder as shown in Figure 1 reflects the general structure of MPEG-D
USAC which can be described as follows (from bottom to top): There is a common pre/postprocessing stage
consisting of an MPEG Surround functional unit to handle stereo processing (MPS212) and an enhanced SBR
(eSBR) unit which handles the parametric representation of the higher audio frequencies in the input signal.
Then there are two branches, one consisting of a modified Advanced Audio Coding (AAC) tool path
(frequency domain, "FD") and the other consisting of a linear prediction coding (LP or LPC domain, "LPD")
based path. The latter can use either a frequency domain representation or a time domain representation of
the LPC residual. All transmitted spectra for both FD and LPD path are represented in MDCT domain. The
quantized spectral coefficients are coded using a context adaptive arithmetic coder. The time domain
representation uses an ACELP excitation coding scheme.

2 © ISO/IEC 2012 — All rights reserved
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In case of transmitted spectral information the decoder shall reconstruct the quantized spectra, process the
reconstructed spectra through whatever tools are active in the bitstream payload in order to arrive at the
actual signal spectra as described by the input bitstream payload, and finally convert the frequency domain
spectra to the time domain. Following the initial reconstruction and scaling of the spectrum, there are optional
tools that modify one or more of the spectra in order to provide more efficient coding.

In case of transmitted time domain signal representation, the decoder shall reconstruct the quantized time
signal, process the reconstructed time signal through whatever tools are active in the bitstream payload in
order to arrive at the actual time domain signal as described by the input bitstream payload.

Hor each of the optional tools that operate on the signal data, the option to "pass through" is retaineld, and in
dll cases where the processing is omitted, the spectra or time samples at its input are passed directly through
ne tool without modification.

—

h places where the bitstream changes its signal representation from time domain_toyfrequency domain
representation or from LP domain to non-LP domain or vice versa, the decoder shallfacilitate the fransition
ffom one domain to the other by means of an appropriate transition mechanism.

aSBR and MPS212 processing is applied in the same manner to both coding paths after transition hapdling.

—

he USAC specification offers in some instances multiple decoding options that serve to provide| different
uality / complexity trade-offs.

o]

© ISO/IEC 2012 — All rights reserved 3
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Figure 1 — Simplified block diagram of the typical USAC decoder configuration
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4.2 Overview of the decoder tools

The input to the bitstream payload demultiplexer tool is the MPEG-D USAC bitstream payload. The
demultiplexer separates the bitstream payload into the parts for each tool, and provides each of the tools with
the bitstream payload information related to that tool.

The outputs from the bitstream payload demultiplexer tool are:

— Depending on the core coding type in the current frame either:

— Tthe quantized and noiselessly coded spectra represented by
— Scalefactor information
— Arithmetically coded spectral lines

— or: linear prediction (LP) parameters together with an excitation signal represented by either:
— Quantized and arithmetically coded spectral lines (transform caded excitation, TCX) or
— ACELP coded time domain excitation

—+ The spectral noise filling information (optional)

—+ The M/S decision information (optional)

—+ The temporal noise shaping (TNS) information (optional)

—+ The filterbank control information

—+ The time unwarping (TW) control information (optional)

—+ The enhanced spectral bandwidth replication (eSBR) control information (optional)

—+ The MPEG Surround 2-1-2 (MPS212) control information (optional)

Tlhe scalefactor noiseless(decoding tool takes information from the bitstream payload demultiplexef, parses
nat information, and detedes the Huffman and DPCM coded scalefactors.

—

—]

he input to the scalefactor noiseless decoding tool is:

— The scalefactor information for the noiselessly coded spectra

—

he output of the scalefactor noiseless decoding tool is:

—+“"The decoded integer representation of the scalefactors:

The spectral noiseless decoding tool takes information from the bitstream payload demultiplexer, parses that
information, decodes the arithmetically coded data, and reconstructs the quantized spectra.The input to this
noiseless decoding tool is:

— The noiselessly coded spectra
The output of this noiseless decoding tool is:

— The quantized values of the spectra

© ISO/IEC 2012 — All rights reserved 5
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The inverse quantizer tool takes the quantized values for the spectra, and converts the integer values to the
non-scaled, reconstructed spectra. This quantizer is a companding quantizer, whose companding factor
depends on the chosen core coding mode.

The input to the Inverse Quantizer tool is:
— The quantized values for the spectra

The output of the inverse quantizer tool is:

— Thelun-scaled, inversely quantized spectra

The noisk filling tool is used to fill spectral gaps in the decoded spectra, which occur when spectral value are
quantizef to zero e.g. due to a strong restriction on bit demand in the encoder. The use of the noise-filling to
is optional.

The inpults to the noise filling tool are:

— The|un-scaled, inversely quantized spectra

— Noide filling parameters

— Theldecoded integer representation of the scalefactors
The outputs to the noise filling tool are:

— The|un-scaled, inversely quantized spectral values for spectral lines which were previously quantized f
zerqg.

O

— Modfified integer representation of the scalefactors

The resdaling tool converts the integer representation of the scalefactors to the actual values, and multiplig
the un-s¢aled inversely quantized spectra bythe relevant scalefactors.

[2]

The inpufs to the scalefactors tool are:

— Thel|decoded integer representation of the scalefactors
— Thelun-scaled, inversely-quantized spectra

The output from the scalefactors tool is:

— The|scaled, inversely quantized spectra

For an oyerview over the M/S tool, please refer to ISO/IEC 14496-3:2009, 4.1.1.2.

For an overview over the temporal noise shaping (TNS) tool, please refer to ISO/IEC 14496-3:2009, 4.1.1.2.

The filterbank / block switching tool applies the inverse of the frequency mapping that was carried out in the
encoder. An inverse modified discrete cosine transform (IMDCT) is used for the filterbank tool. The IMDCT
can be configured to support 120, 128, 240, 256, 480, 512, 960 or 1024 spectral coefficients.

6 © ISO/IEC 2012 — All rights reserved
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The inputs to the filterbank tool are:

— The (inversely quantized) spectra

— The filterbank control information

The output(s) from the filterbank tool is (are):

— The time domain reconstructed audio signal(s).

he time-warped filterbank / block switching tool replaces the normal filterbank / block switching teolvhen the
me warping mode is enabled. The filterbank is the same (IMDCT) as for the normal filterbank; \but ir] addition
ne windowed time domain samples are mapped from the warped time domain to the linear time dpmain by
me-varying resampling.

— —+ —+

—]

he inputs to the time-warped filterbank tools are:

- The inversely quantized spectra

-+ The filterbank control information

— The time-warping control information

—

he output(s) from the filterbank tool is (are):

— The linear time domain reconstructed audio signal(s).

Tilhe enhanced SBR (eSBR) tool regenerates the highband of the audio signal. It is based on replication of the
sequences of harmonics, truncated during enceding. It adjusts the spectral envelope of the generated high-
o
o

and and applies inverse filtering, and adds naise and sinusoidal components in order to recreate thg spectral
haracteristics of the original signal.

Tlhe input to the eSBR tool is:

—+ The quantized envelope data

— Control data

—+ A time domain sighal from the frequency domain core decoder or the ACELP/TCX core decoder

—

he output of the.eSBR tool is either:

— A timé domain signal or

- _7A QMF-domain representation of a signal, e.g. in case MPS212 is used.

The MPEG Surround 2-1-2 (MPS212) tool produces multiple signals from one input signal by applying a
sophisticated upmix procedure to the input signal controlled by appropriate spatial parameters. In the USAC
context MPS212 is used for coding a stereo signal, by transmitting parametric side information alongside a
transmitted downmixed signal.

The input to the MPS212 tool is:
— A downmixed time domain signal or

— A QMF-domain representation of a downmixed signal from the eSBR tool

© ISO/IEC 2012 — All rights reserved 7
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The output of the MPS212 tool is:

— A two-channel time domain signal

The ACELP tool provides a way to efficiently represent a time domain excitation signal by combining a long
term predictor (adaptive codebook codeword) with a pulse-like sequence (innovation codebook codeword).
The reconstructed excitation is sent through an LP synthesis filter to form a time domain signal.

The input to the ACELP tool is:

— Adaptive and innovation codebook indices

— Adaptive and innovation codes gain values

— Othgr control data

— Inversely quantized and interpolated LPC filter coefficients
The output of the ACELP tool is:

— Theftime domain reconstructed audio signal

The MDCT based TCX decoding tool is used to turn the weighted LP «€sidual representation from an MDCT-
domain hack to the time domain and outputs a time domain signal in‘which weighted LP synthesis filtering ha
been applied. The IMDCT can be configured to support 256, 512, or1024 spectral coefficients.

[2)

The inpuf to the TCX tool is:

— The|(inversely quantized) MDCT spectra

— Invefsely quantized and interpolated LPC filter coefficients
The output of the TCX tool is:

— Theftime domain reconstructed audio signal

4.3 Combination of USAC-with MPEG Surround and SAOC

The outgut of the USAC decoder can be further processed by MPEG Surround (MPS) (ISO/IEC 23003-1) gr
Spatial Audio Object Coding (SAOC) (ISO/IEC 23003-2). If the SBR tool in USAC is active, a USAC decoder
can typigally be efficiently combined with a subsequent MPS/SAOC decoder by connecting them in the QMF
domain ih the same,way as it is described for HE-AAC in ISO/IEC 23003-1:2007, 4.4. If a connection in the
QMF domnain isnetpossible, they need to be connected in the time domain.

If MPS/$ADC side information is embedded into a USAC bitstream by means of the usacExtEleme
mechani i i ; frTe-
alignment between the USAC data and the MPS/SAOC data assumes the most efficient connection between
the USAC decoder and the MPS/SAOC decoder. If the SBR tool in USAC is active and if MPS/SAOC employs
a 64 band QMF domain representation (see ISO/IEC 23003-1:2007, 6.6.3), the most efficient connection is in
the QMF domain. Otherwise, the most efficient connection is in the time domain. This corresponds to the time-
alignment for the combination of HE-AAC and MPS as defined in ISO/IEC 23003-1:2007, 4.4, 4.5, and 7.2.1.

The additional delay introduced by adding MPS decoding after USAC decoding is given by ISO/IEC

23003-1:2007, 4.5 and depends on whether HQ MPS or LP MPS is used, and whether MPS is connected to
USAC in the QMF domain or in the time domain.

8 © ISO/IEC 2012 — All rights reserved
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4.4 Interface between USAC and Systems
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This subclause clarifies the interface between USAC and MPEG Systems. Every access unit delivered to the

audio decoder from the systems interface shall result in a corresponding composition unit delivered

from the

audio decoder to the systems interface, i.e., the compositor. This shall include start-up and shut-down

conditions, i.e., when the access unit is the first or the last in a finite sequence of access units.

For an audio composition unit, ISO/IEC 14496-1:2010, 7.1.3.5 Composition Time Stamp (CTS) specifies that
the composition time applies to the n-th audio sample within the composition unit. For USAC, the value of n is

always 1. Note that this applies to the output of the USAC decoder itself. In the case that a USAC de
for example, being combined with an MPS decoder as described in 4.3, the additional delay cause
PS decoding process (see 4.3 and ISO/IEC 23003-1:2007, 4.5) needs to be taken into acceun
mposition units delivered at the output of the MPS decoder.

.5 USAC Profiles and Levels

.5.1 Introduction

This subclause defines profiles and their levels for Unified Speech and Audie~Cading.

o

omplexity units are defined to give an approximation of the decoder complexity in terms of processi
nd RAM usage required for the decoding process. The approximated processing power is
“Processor Complexity Units” (PCU), specified in MOPS. The approximated RAM usage is given
omplexity Units” (RCU), specified in kWords (1000 words).

Q

o

45.2 MPEG-4 HE AACv2 Compatibility

arge parts of the USAC codec are inherited from thé.codec tools and structure subsumed in the MP
LAC v2 profile. A few of these tools have been adapted into USAC as is. Many more have been adg
SAC and greatly enhanced in terms of perforfhance, capability and flexibility. Others were substit
bols which provide a range of advantages_over their MPEG-4 counterparts. As a result, USAC r
inctionalities and performance features that the AAC family of technologies — AAC, HE AAC, HE A
an provide. However, it does not adoptatt fools.

Q v > —

I{ a decoder is intended to provide full AAC family functionality, including the legacy MPEG-4 AAC
oding tools listed in Table 1 shall be considered.
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The following tools listed in Table 1 are normatively referenced in USAC:

Table 1 — Summary of the Location of and Normative Reference to the Definitions of all AAC, HE-AAC
and USAC Coding Tools as employed in the Extended High Efficiency AAC profile

defined
Tool / Module in_ | b usac | A4C | ser | Ps
ISO/IEC
block switching 14496-3 | 4.6.11 X X
windpw AAC based 14496-3 | 4.6.11 X X
shapes additional USAC 23003-3 X
filter bank standard 14496-3 | 4.6.11 X X
time-warped 23003-3 X
TNS 14496-3 4.6.9 X X
intenpity 14496-3 | 4.6.8.2 | NOTE 1 X
coupling 14496-3 | 4.6.8.3 X
percgptual PNS 14496-3 | 4.6.13 | NOTE2 X
nois{ noise filling 23003-3 X
synthesis
basic mid/side coding 14496-3 | 4.6.8.1 X X
MS MDCT based complex 23003-3 X
prediction
quarkization no!'l-uniform 14496-3 | 4.6/ X X
uniform 23003-3 X
Huffman 14496-3 | 4.6.3 | NOTE3 X
entrgpy coding | context adaptive arithmetic 23003-3 X
coding
SBR base 14496-3 | 4.6.18 X X X
enhanced 23003-3 X
paratnetric Parametric Stereo 14496-3 8.:.;':/ NOTE 4 X
tere MPEG Surround 2-1-2 (incl. | 23003-3 N
residual coding)
ACELP 23003-3 X
frequency scale factor based 14496-3 | 4.6.2 X X
domain noise
shapjng LPC based 23003-3 X
NOTHE 1:  Functionality of the"AAC LC intensity tool is fully provided by the MDCT based complex prediction tool
of USAC
NOTH 2:  Functionalityof the PNS tool is largely provided by the noise filling tool of USAC
NOTHE 3:  Functionalityyof the AAC LC Huffman coding tool is fully provided by the context adaptive arithmetic
codinf tool of USAG
NOTHE 4:  Functionality of the Parametric Stereo tool is fully provided by the MPEG Surround 2-1-2 tool of USAC
4.5.3 Baseline USAC Profile

In the Baseline USAC profile the following coding tools shall not be employed:

— Time warped filterbank

— DFT based harmonic transposer in enhanced spectral band replication

— Fractional delay decorrelator in MPEG Surround for mono to stereo upmixing (MPS212)

Four different hierarchical levels are defined with increasing number of audio channels and increasing
complexity. The definition of the four levels of the Baseline USAC profile is given in Table 2.
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https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

Table 2 — Levels for the Baseline USAC profile

Level Max. sam IVllianx. rate Max. Max.
channels pling PCU RCU
[kHZz]
1 1 48 7 6
2 48 12 11
3 5.1 48 31 28
4 5.1 96 62 28
.5.4 Extended High Efficiency AAC Profile
he Extended HE AAC profile contains the audio object types 42 (USAC), 5 (SBR), 29 (PS) and 2 (AAC LC)
s defined in ISO/IEC 14496-3. In order for a decoder to support the Extended HE’ AAC profilg it shall
implement all modules listed in Table 1.
Tihe Extended HE AAC profile is compatible with the MPEG-4 High EfficienCy~AAC v2 profile as defined in
IFO/IEC 14496-3. It warrants decodability of HE AAC v2 profile compliant. bit 'streams by Extended |HE AAC
profile decoders.
Hour different hierarchical levels are defined with increasing numper of audio channels and irjcreasing
gomplexity. All four levels include Level 2 of the Baseline USAC fprofile. The definition of the four levels of the
Bxtended HE AAC profile is given in Table 3. All notes in Table 3/and all restrictions listed in the columns 2, 3,
4 and 5 (“Max. channels/object’, “Max. AAC sampling rate,~SBR not present [kHz]’, “Max. AAC sampgling rate,
9BR present [kHz]”, “Max. SBR sampling rate [kHz] (in/out)?) of Table 3 apply only when decoding HE AAC v2
profile compliant bit streams.
Table 3 — Levels for:the Extended HE AAC profile
Max “:::{pﬁg “:::{pﬁg Max. SBR Max. PCU | Max. RCU
Level channels/| rate, SBR | rate;-SBR sampling Max. PCU | Max. RCU HQ/LP HQ/LP
(NOTE) object |[not present| ‘present rate [kHz] SBR SBR
[kHz] [kHz] (infout) (NOTE 5) (NOTE 5)
1 NA NA NA NA NA NA NA NA
2 2 48 24 24/48 12 11 12 11
3 2 48 24/48 48/48 15 11 15 11
(NOTE 3) (NOTE 2)
4 5 48 24/48 48/48 25 28 20 23
(NOTE 4) (NOTE 2)
5 5 96 48 48/96 49 28 39 23
NOTE 1: .4 Level 2, 3, and 4 Extended HE AAC profile decoders implement the baseline version of the parametfic stereo
fool. A Iével 5 decoder shall not be limited to the baseline version of the parametric stereo tool.
NOTE 2:© For level 3 and level 4 decoders, it is mandatory to operate the SBR tool in downsampled mqde if the
ampling rate of the AAC core is higher than 24kHz. Hence, if the SBR tool operates on a 48kHz signal, th¢ internal
amplingrate-of the-SBR-toslwill be-06kHz howeverthe-output sighalwillbe-dewnsampled-by-the SBRteeHel48kHz.
NOTE 3: If Parametric Stereo data is present the maximum AAC sampling rate is 24kHz, if Parametric Stereo data is
not present the maximum AAC sampling rate is 48kHz.
NOTE 4: For one or two channels the maximum AAC sampling rate, with SBR present, is 48kHz. For more than two
channels the maximum AAC sampling rate, with SBR present, is 24kHz.
NOTE 5: The PCU/RCU number are given for a decoder operating the LP SBR tool whenever applicable.

For the MPEG-4 audio object type 2 (AAC LC), mono or stereo mixdown elements are not permitted.

For MPEG-4 audio object types 2, 5, and 29 the following restrictions apply:

© ISO/IEC 2012 — All rights reserved
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— An Extended HE AAC profile decoder shall operate the HQ SBR tool for bitstreams containing Parametric
Stereo data.

— For bitstreams not containing Parametric Stereo data, the Extended HE AAC profile decoder may operate
the HQ SBR tool, or the LP SBR tool.

— Only bitstreams consisting of exactly one AAC single channel element may contain Parametric Stereo
data. Bitstreams containing more than one channel in the AAC part shall not contain Parametric Stereo
data.

5 Syntax

5.1 General
The bit sfream syntax shall be based on ISO/IEC 14496-3:2009, 4.4.

The USAC bit stream syntax is shown below:
5.2 Decoder configuration (UsacConfig)

Table 4 — Syntax of UsacConfig()

Syntax No. of bits Mnemonic
UsacConfig()
{
usacSamplingFrequencyindex; 5 bslbf
if (usacSamplingFrequencylndex == 0x1f) {
usacSamplingFrequency; 24 uimsbf
}
coreSbrFrameLengthindex; 3 uimsbf
channelConfigurationindex; 5 uimsbf
if (channelConfigurationindex == 0){
UsacChannelConfig();
}
UsacDecoderConfig();
if (usacConfigExtensionPresent==1) { 1 uimsbf
UsacConfigExtension();
}
}
Table 5 — Syntax of UsacChannelConfig()
Synax No. of bits  Mnemonic

UsdeChanntetCot |f|y()

numQutChannels = escapedValue(5,8,16);
for (i=0; iknumOutChannels; i++) {

bsOutputChannelPosJi]; 5 uimsbf
}
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Table 6 — Syntax of UsacDecoderConfig()

Syntax No. of bits ~ Mnemonic
UsacDecoderConfig()
{

numElements = escapedValue(4,8,16) + 1;

for (elemldx=0; elemldx<numElements; ++elemldx) {

usacElementType[elemldx] 2 uimsbf

switch (usacElementType[elemldx]) {

case 1D USAC_SCE
UsacSingleChannelElementConfig(sbrRatiolndex);
break;

case: ID_USAC_CPE
UsacChannelPairElementConfig(sbrRatiolndex);
break;

case: ID_USAC_LFE
UsacLfeElementConfig();
break;

case: ID_USAC_EXT
UsacExtElementConfig();
break;

}
}
NOTE: UsacSingleChannelElementConfig(), UsacChannelPairElementConfig(), UsacLfeElemen

Config() and UsacExtElementConfig() signaled at position’elemldx refer to the corresponding
elements in UsacFrame() at the respective position elemldx.

Table 7 — Syntax of UsacSingleChannelElementConfig()

Syntax No. of bits Mnemorjic
UsacSingleChannelElementConfig(sbrRatiolndex)

{

UsacCoreConfig();

if (sbrRatiolndex > 0) {
SbrConfig();

}

Table 8 — Syntax of UsacChannelPairElementConfig()

Syntax No. of bits  Mnemorjic
Usac€hannelPairElementConfig(sbrRatiolndex)

{

UsacCoreConfig();
if (sbrRatiolndex > 0) {
SbrConfig();
stereoConfigindex; 2 uimsbf

}
else {
stereoConfigindex = 0;
}
if (stereoConfigindex > 0) {
Mps212Config(stereoConfigindex);
}

© ISO/IEC 2012 — All rights reserved 13
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Table 9 — Syntax of UsacLfeElementConfig()

Syntax No. of bits  Mnemonic
UsacLfeElementConfig()

tw_mdct = 0;
noiseFilling = 0;

Table 10 — Syntax of UsacCoreConfig()

Synjtax No. of bits Mnemonic
UsdcCoreConfig()
{
tw_mdct; 1 bslbf
noiseFilling; 1 bsblif
!

Table 11 — Syntax of SbrConfig()

Syntax No. of bits  Mnemonic

SbrLonfig()

{
harmonicSBR; 1 bsblif
bs_interTes; 1 bsblif
bs_pvc; 1 bsblf
SbrDfltHeader();

}

Table 12 —<Syntax of SbrDfltHeader()

Syntax No. of bits ~ Mnemonic
SbrbfltHeader()
{
dfit_start_freq; 4 uimsbf
dfit_stop_freq; 4 uimsbf
dfit_header_extrad; 1 uimsbf
dfit_header_extra2; 1 uimsbf
f (dflt_header2extral == 1) {
dflt_freq-scale; 2 uimsbf
dflt ~alter_scale; 1 uimsbf
dfit- noise_bands; 2 uimsbf
f(dflt header exira2 == 1} {
dfit_limiter_bands; 2 uimsbf
dflt_limiter_gains; 2 uimsbf
dflt_interpol_freq; 1 uimsbf
dflt_smoothing_mode; 1 uimsbf
}
}
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Table 13 — Syntax of Mps212Config()

Syntax No. of bits Mnemonic
Mps212Config(stereoConfigindex)
{
bsFreqRes; 3 uimsbf
bsFixedGainDMX 3 uimsbf
bsTempShapeConfig; 2 uimsbf
bsDecorrConfig; 2 uimsbf
bsHighRateMode; 1 uimsbf
bsPhaseCoding; 1 uimsbf
bsOttBandsPhasePresent; 1 uimsbf
if (bsOttBandsPhasePresent) { NOTE 1
bsOttBandsPhase; 5 uimsbf
}
if (bsResidualCoding) { NOTE 2
bsResidualBands; 5 uimsbf
bsOttBandsPhase = max(bsOttBandsPhase,bsResidualBands);
bsPseudolLr; 1 uimsbf
}
if (bsTempShapeConfig == 2) {
bsEnvQuantMode; 1 uimsbf
}
}
NOTE 1: if bsOttBandsPhasePresent==0 bsOttBandsPhase is initialized according toTable 104.
NOTE 2: bsResidualCoding depends on stereoCenfigindex according to Table 72

© ISO/IEC 2012 — All rights reserved
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Table 14 — Syntax of UsacExtElementConfig()

Syntax No. of bits Mnemonic
UsacExtElementConfig()
{

usacExtElementType = escapedValue(4,8,16);
usacExtElementConfigLength = escapedValue(4,8,16);

usacExtElementDefaultLengthPresent; 1 uimsbf
if (usacExtElementDefaultLengthPresent) {

uoacbEvidElamantDafauli] anath - AcoaainA A\lalual( 41680\ o+ -
oottt Craom=Crgth oS O;

=eseapedval 16,0 ++
} else {

usacExtElementDefaultLength = 0;
}

usacExtElementPayloadFrag; 1 uimsbf

switch (usacExtElementType) {
case ID_EXT_ELE_FILL:
break;
case ID_EXT_ELE_MPEGS:
SpatialSpecificConfig();
break;
case ID_EXT_ELE_SAOC:
SaocSpecificConfig();
break;
default: NOTE
while (usacExtElementConfigLength--) {
tmp; 8 uimsbf

}

break;

}

NOTE: The default entry for the usacExtElementType is used for unknown extElementTypes so that
leggcy decoders can cope with future extensions.

Table 15 — Syntax of UsacConfigExtension()

Syntax No. of bits  Mnemonic
UsgcConfigExtension()

numConfigExtensions)= escapedValue(2,4,8) + 1;

for (confExtldx=0; confExtldx<numConfigExtensions; confExtldx++) {
usacCopfigExtType[confExtldx] = escapedValue(4,8,16);
usacConfigExtLength[confExtldx] = escapedValue(4,8,16);

switch (usacConfigExtType[confExtldx]) {
case ID_CONFIG_EXT_FILL:

il L o U Y | dlal £
\AARLLA>] \UOG\.{UUIIIIHI—I\[I—CI IUlI ICUTITAUTUA ™)

fill_byte[i]; /* should be '10100101" */ 8 uimsbf
1
break;
default:
while (usacConfigExtLength[confExtldx]--) {
tmp; 8 uimsbf
1
break;
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Table 16 — Syntax of escapedValue()

Syntax No. of bits Mnemonic
escapedValue(nBits1, nBits2, nBits3)
{

value; nBits1 uimsbf
if (value == 2™""-1) {
value += valueAdd; nBits2 uimsbf
if (valueAdd == 2""**-1) {
value += valueAdd; nBits3 uimsbf

!
}

return value;

8.3 USAC bitstream payloads

§5.3.1 Payloads for audio object type USAC

Table 17 — Syntax of Usackrame(),
top level payload for audio object type USAC

Syntax No. of bits Mnemonic
UsacFrame()
{

usaclndependencyFlag; 1 uimsbf

for (elemldx=0; elemldx<numElements; ++elemldx) {

switch (usacElementType[elemidx]) {

case: ID_USAC_SCE
UsacSingleChanneglElement(usacindependencyFlag);
break;

case: ID_USAC_ERE
UsacChannelPairElement(usacindependencyFlag);
break;

case: ID_USAC_LFE
UsackfeElement(usacindependencyFlag);
break;

case’ID_USAC_EXT
UsacExtElement(usacindependencyFlag);
break;
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Table 18 — Syntax of UsacSingleChannelElement()

Syntax No. of bits Mnemonic
UsacSingleChannelElement(indepFlag)
{
UsacCoreCoderData(1, indepFlag);
if (sbrRatiolndex > 0) {
UsacSbrData(1, indepFlag);
}
}
Table 19 — Syntax of UsacChannelPairElement()
Synjax No. of bits Mnemonic
UsacChannelPairElement(indepFlag)
{
f (stereoConfigindex == 1) {
nrCoreCoderChannels = 1;
else {
nrCoreCoderChannels = 2;
lUsacCoreCoderData(nrCoreCoderChannels, indepFlag);
f (sbrRatiolndex > 0) {
if (stereoConfigindex == 0 || stereoConfigindex ==73) {
nrSbrChannels = 2;
}else {
nrSbrChannels = 1;
}
UsacSbrData(nrSbrChannels, indepFlag);
)
f (stereoConfigindex > 0) {
Mps212Data(indepFlag);
)
}
Table 20 — Syntax of UsacLfeElement()
Synjax No. of bits Mnemonic
UsacLfeElément(indepFlag)
{
fd—channel_stream(0,0,0,0, indepFlag);
}

© ISO/IEC 2012 — All rights reserved
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Syntax

No. of bits Mnemonic

UsacExtElement(indepFlag)
{
usacExtElementPresent
if (usacExtElementPresent==1) {
usacExtElementUseDefaultLength;
if (usacExtElementUseDefaultLength) {

1 uimsbf

1 uimsbf

usacExtElementPayloadl ength = usacExtElementDefaultl ength:

}else {
usacExtElementPayloadLength = escapedValue(8,16,0);

}

if (usacExtElementPayloadLength>0) {
if (usacExtElementPayloadFrag) {

usacExtElementStart; 1 uimsbf
usacExtElementStop; 1 uimsbf
} else {
usacExtElementStart = 1;
usacExtElementStop = 1;
}
for (i=0; i<usacExtElementPayloadLength; i++).{
usacExtElementSegmentData(i]; 8 uimsbf
}
}
}
}
Table 22 — Syntax of ics_info()
Syntax No. of bits  Mnemorjic
ics_info()
{
window_sequence; 2 uimsbf
window_shape; 1 uimsbf
if (window_sequence == EIGHT_SHORT_SEQUENCE) {
max_sfh; 4 uimsbf
scale,factor_grouping; 7 uimsbf
}
else{
max_sfb; 6 uimsbf
}
}

© ISO/IEC 2012 — All rights reserved
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5.3.2 Subsidiary payloads

Table 23 — Syntax of UsacCoreCoderData()

Syntax No. of bits Mnemonic
UsacCoreCoderData(nrChannels, indepFlag)
d
for (ch=0; ch < nrChannels; ch++) {
core_mode[ch]; 1 uimsbf
h
if (nrChannels == 2) {
StereoCoreToollnfo(core_mode);
h

fpr (ch=0; ch<nrChannels; ch++) {
if (core_mode[ch] == 1) {
Ipd_channel_stream(indepFlag);
}
else {
if ( (nrChannels == 1) || (core_mode[0] != core_mode[1]) ) {
tns_data_present|[ch]; 1 uimsbf
}
fd_channel_stream(common_window, common_tw,
tns_data_present[ch], noiseFilling, indepFlag);

}
h
}
Table 24 — Syntax of StereoCoreToollnfo()
Synjax No. of bits Mnemonic
SteneoCoreToollnfo(core_mode)
{
f (core_mode[0] == 0 &&_core _mode[1] == 0) {
tns_active; 1 uimsbf
common_window; 1 uimsbf
if (common_window) {
ics_info();
common_max_sfb; 1 uimsbf
if (common_max_sfb == 0) {
if (window_sequence == EIGHT_SHORT_SEQUENCE) {
max_sfb1; 4 uimsbf
}else {
max—sfbi; 6 vimsbf
}
}else {
max_sfb1 = max_sfb;
}
max_sfb_ste = max(max_sfb, max_sfb1);
ms_mask_present; 2 uimsbf

if (ms_mask_present ==1) {
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
ms_used[g][sfb]; 1 uimsbf
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}

if (ms_mask_present == 3) {
cplx_pred_data();
}else {
alpha_q_re[g][sfb] = O;
alpha_q_imI[g][sfb] = 0;
}
1

if (tw_mdct) {
common_tw; 1 uimsbf
if (common_tw ) {
tw_data();

}
}
if (tns_active) {
if (common_window) {

common_tns; 1 uimsbf
}else {
common_tns = 0;
}
tns_on_lr; 1 uimsbf
if (common_tns) {
tns_data();
tns_data_present[0] = 0;
tns_data_present[1] = 0;
}else {
tns_present_both; 1 uimsbf
if (tns_present_both) {
tns_data_present[0] ='1;
tns_data_presentfl] = 1;
}else {
tns_data_present[1]; 1 uimsbf
tns_data: present[0] = 1 - tns_data_present[1];
}
}
}else {

commen tns = 0;
tns\data_present[0] = 0;
tns“data_present[1] = 0;

} else{
common_window = 0;
common_tw = 0;

B
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Table 25 — Syntax of fd_channel_stream()

Syntax No. of bits  Mnemonic

fd_channel_stream(common_window, common_tw, tns_data_present, noiseFilling, indepFlag)

{

global_gain; 8 uimsbf
if (noiseFilling) {
noise_level; 3 uimsbf
noise_offset; 5 uimsbf
else {

noise_level = 0;

if (lcommon_window) {
ics_info();

if (tw_mdct) {

if (lcommon_tw) {
tw_data();

}

scale_factor_data ();
f (tns_data_present) {
tns_data ();

Aac_spectral_data( indepFlag);

fac_data_present; 1 uimsbf
f (fac_data_present) {
fac_length = (window_sequence==EIGHT\SHORT_SEQUENCE) ? ccfl/16 : ccfl/8;
fac_data(1, fac_length);
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Syntax No. of bits Mnemonic
cplx_pred_data(max_sfb_ste, indepFlag)
{
cplix_pred_all; 1 uimsbf
if (cplx_pred_all == 0) {
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb_ste; sfb += SFB_PER_PRED_BAND) {
cplx pred used[g][sfb]: 1 uimsb
if ((sfb+1) < max_sfb_ste) {
cplx_pred_used[g][sfb+1] = cplx_pred_used[g][sfb];
}
}
}
}
else {
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb_ste; sth++) {
cplx_pred_used[g][sfb] = 1;
}
}
}
pred_dir; 1 uimsb{
complex_coef; 1 uimsb)
if (complex_coef) {
if (indepFlag) {
use_prev_frame = 0;
} else {
use_prev_frame; 1 uimsbf
}
}
if (indepFlag) {
delta_code_time = 0;
}else {
delta_code_time; 1 uimsbf
}
for (g = 0; g £ num_window_groups; g++) {
for (sfb =0; sfb < max_sfb_ste; sfb += SFB_PER_PRED_BAND) {
if(cplx_pred_used[g][sfb]) {
hcod_sf[dpcm_alpha_q_re[g][sfb]]; 1..19 viclbf
if (complex_coef) {
hcod_sf{dpcm_alpha_q_im[g][sfb]]; 1..19 viclbf
}
else {
alpha_qg_imi[g]|sib] = U;
dpcm_alpha_q_im[g][sfb] = 60;
}
}
else {
alpha_q_re[g][sfb] = O;
alpha_qg_imI[g][sfb] = 0;
}
}
}
}
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Table 27 — Syntax of tw_data()

Syntax No. of bits Mnemonic
tw_data( )
{

tw_data_present; 1 uimsbf

if (tw_data_present ==1) {
for (i=1;i<NUM_TW_NODES; i++ ) {

tw_ratio|i ]; 3 uimsbf
}
}
Table 28 — Syntax of scale_factor_data()
Synfax No. of bits Mnhemonic
scale_factor_data()
{
dpcm_sf[0][0] = 60;
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
if (9> 0| sfb>0){
hcod_sf[dpcm_sf[g][sfb]]; 1..19 viclbf
}
}
)
1
Table 29 — Syntax of tns_data()
Synjax No. of bits Mnemonic
tns_|data()
{
for (w = 0; w < num_windows; w++) {
n_filt[w]; 1.2 uimsbf
if (n_filtfw]) {
coef_res[w]; 1 uimsbf
}
for (filt = O; filt-<nfiltfw]; filt++) {
length[w][filt]; {4;6} uimsbf
order[w][filt]; {3;4} uimsbf
if (order[w][filt]) {
direction[w][filt]; 1 uimsbf
coef_compress[w][filt]; 1 uimsbf
for (i = 0; i < order[w][filt]; i++) {
coef[w][filt][i]; 2.4 uimsbf
1
}
}
1
1
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Table 30 — Syntax of ac_spectral_data()

Syntax No. of bits  Mnemonic
ac_spectral_data(indepFlag)
{
if (indepFlag) {
arith_reset_flag = 1;
}else {
arith_reset_flag; 1 uimsbf
1
for (win = 0; win < num_windows; win++) { NQTE |1
arith_data(lg, arith_reset_flag && (win==0));
}
}
NOTE 1: num_windows indicates the number of windows in the current window sequence. In case
window_sequence is EIGHT_SHORT_SEQUENCE num_windows equals 8. Inlall other cases
num_windows equals 1

Table 31 — Syntax of Ipd_channel_(stream()

Syntax No. of bits Mnemonic
Ipd_channel_stream(indepFlag)
{
acelp_core_mode; 3 uimsbf
Ipd_mode; 5 uimsbf,
NOTE 1
bpf_control_info 1 uimsbf
core_mode_last; 1 uimsbf
fac_data_present; 1 uimsbf
first_Ipd_flag = !core_mode-last;
first_tcx_flag=TRUE;
k=0;
if (first_Ipd_flag) { last 'Ipd_mode =-1; } NOTE 2
while (k < 4) {
if (k==0)4
if (-(core_mode_last==1) && (fac_data_present==1) ) {
fac_data(0, ccfl/8);
}
Yelse {
if ( (last_Ipd_mode==0 && mod[k]>0) ||
(last_Ipd_mode>0 && mod[k]==0) ) {
fac_data(0, ccfl/8);
H
}
if (mod[k] == 0) {
acelp_coding(acelp_core_mode);
last_Ipd_mode=0;
k+=1;
}
else {
tex_coding( Ilg(mod[k]) , first_tcx_flag, indepFlag); NOTE 3
last_Ipd_mode=modk];
k += (1 << (mod[k]-1) );
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first_tcx_flag=FALSE;
}
Ipc_data(first_Ipd_flag);
if ( (core_mode_last==0) && (fac_data_present==1) ) {
short_fac_flag; 1 uimsbf

fac_length = short_fac_flag ? ccfl/16 : ccfl/8;
fac_data( T, fac_tengthy;

NOTE 1: Ipd_mode defines the contents of the array mod[] as described in 6.2.10.2, Table 89«
NOTE 2: first_Ipd_flag is defined in 6.2.10.2.
NOTE 3: The number of spectral coefficients, Ig, depends on mod[k] according to Table 148:

Table 32 — Syntax of Ipc_data()

Synfax No. of bits  Mnemonic
Ipc_{data(first_lpd_flag, mod[])
{
pc_set=4;
mode_Ipc = get_mode_lIpc(lpc_set);
pc_first_approximation_index[Ipc_set] 8 uimsbf
code_book_indices(lpc_set, nk_mode, 2); NOTE 1
f (first_Ipd_flag) {
Ipc_set = 0;
mode_Ipc = get_mode_Ipc(lpc_set);
if (mode_lpc == 0) { Ipc_first_approximation_index[lpc_set] } 8 uimsbf
code_book_indices(0, nk_mode, 2); NOTE 1
f (mod[0] != 3) {
Ipc_set = 2;
mode_Ipc = get_mode (Ipc(lpc_set);
if (mode_Ipc == 0) { Ipc_first_approximation_index[lpc_set] } 8 uimsbf
code_book_indices(Ipc_set, nk_mode, 2); NOTE 1
)
f (mod[0] < 2) {
Ipc_set =\41;
mode—lpc = get_mode_Ipc(Ipc_set);
if (mode_lpc == 0) { Ipc_first_approximation_index[lpc_set] } 8 uimsbf
if (mode_lpc != 1) {
code_book_indices(lpc_set, nk_mode, 2); NOTE 1
;
}
if (mod[2] < 2){
Ipc_set = 3;
mode_Ipc = get_mode_Ipc(lpc_set);
if (mode_Ipc == 0) { Ipc_first_approximation_index[lpc_set] } 8 uimsbf
code_book_indices(Ipc_set, nk_mode, 2); NOTE 1
}

}
NOTE 1: nk_mode is determined by the number of the currently decoded LPC Filter set, Ipc_set, and
the LPC quantization mode, mode_Ipc, according to Table 143.
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Table 33 — Syntax of qn_data()

Syntax No. of bits Mnemonic
gn_data(nk_mode, no_gn)

{

switch (nk_mode) {
case 1:
for (k=0; k<no_gn; k++) {
qn[k] 1..n uclbf
if (qn[k]>0){gn[k]+=11}

}

break;
case 0O:
case 2:
case 3:
for (k=0; k<no_qn; k++) {
qn_base 2 uimsbf
gn[k] = gn_base + 2;
}
if (nk_mode == 2){
for (k=0; k<no_qn; k++) {

if (gqn[k] > 4) {
aqn[k] 1..n uclbf
if (qn[k] > 0) { an[k] += 4 }
}
}
}else {
for (k=0; k<no_qn; k++) {
if (an[k] > 4) {
qn_ext 1..n uclbf
switch (gqn_ext).{
case Qxgnlk] = 5; break;
case 17 qn[k] = 6; break;
case 2: qn[k] = 0; break;
default: qn[k] = gn_ext + 4; break;
}
}
}
}
break;
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Table 34 — Syntax of get_mode_lpc()

Syntax No. of bits Mnemonic
get_mode_lIpc(lpc_set)
{
switch (Ipc_set) {
case 4: mode_Ipc=0; break;
case 0:
case 2:
_______mode Ipc = binary code 1
break;
case 1:
switch (binary_code) { 1.2 viclbf
case ‘0" mode_Ipc = 2; break;
case ‘10" mode_Ipc =0; break;
case ‘115" mode_Ipc =1; break;
}
break;
case 3:
switch (binary_code) { 1.3 viclbf
case ‘0, mode _Ipc =1; break;
case ‘10, mode Ipc =0; break;
case ‘110, mode _Ipc =2; break;
case ‘111, mode Ipc =3; break;
}
break;
return mode_Ipc;
}
NOTE: The mapping of binary code to mode_Ipc-¢an also be deduced from Table 143
Table 35 &—)Syntax code_book_indices ()
Synfax No. of bits ~ Mnemonic
codé_book_indices(idx, nk_mode)} ho_qn) NOTE 1
{
for (k=0; k<no_qn; k++){
gn_data(nk_maode, no_gn)
}
for (k=0; k<no/qgn; k++)
{
if (qAlk] > 4) {
nk = (gn[k]-3)/2;
n = gn[k] — nk*2;
Telser
nk = 0;
n = an[k];
}
code_book_index[idx][Kk] 4*n uimsbf
kv[idx][k][0] nk uimsbf
kv[idx][k][1] nk uimsbf
kv[idx][k][2] nk uimsbf
kv[idx][k][3] nk uimsbf
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kv[idx][k][4] nk uimsbf
kv[idx][k][5] nk uimsbf
kv[idx][k][6] nk uimsbf
kv[idx][k][7] nk uimsbf

}
}

NOTE 1: idx can take values from 0 to 4 in case the syntax element is used in context of Ipc_data().
In case of the use in the context of fac_data() idx can take values from 0 to 7 or from 0 to 15
depending on fac_length.

Table 36 — Syntax of acelp_coding()

Syntax No. of bits» < Mnemanic
acelp_coding(acelp_core_mode)
{
mean_energy; 2 uimsbf
nb_subfr = coreCoderFramelLength/256 NOTE

for (sfr=0; sfr<nb_subfr ; sfr++) {
if ((sfr==0) || ((nb_subfr==4) && (sfr==2))) {

acb_index]sfr]; 9 uimsbf
}else {
acb_index]sfr]; 6 uimsbf
}
Itp_filtering_flag[sfr]; 1 bmsbf|
switch (acelp_core_mode) {
case 0
icb_index[sfr]; 20 uimsbf
break;
case 1
icb_index[sfr); 28 uimsbf
break;
case 2
icb_index[sfr]; 36 uimsbf
break;
case’3
icb_index|sfr]; 44 uimsbf
break;
case 4
icb_index[sfr]; 52 uimsbf
break;
case 5
icb_index|sfr]; 64 uimsbf
break;
}
gains[sfr]; 7 uimsbf

}

NOTE: coreCoderFramelLength designates the core frame length in samples and is equal to either
1024 or 768. See also 6.1.1.2.
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Table 37 — Syntax of tcx_coding()

Syntax No. of bits  Mnemonic
tex_coding(lg, first_tcx_flag, indepFlag)
{

w

noise_factor; uimsbf
global_gain; 7 uimsbf

if (first_tcx_flag ) {
if (indepFlag) {
arith_reset_flag = 1;
}else {
arith_reset_flag; 1 uimsbf

}

)

else {

arith_reset_flag=0;
}
arith_data(lg, arith_reset_flag);

Table 38 — Syntax of arith_data()

Syntax No. of bits Mnemonic
arith_data(lg, arith_reset_flag)
{

c = arith_map_context(N, arith_reset_flag);

for (i=0; i<lg/2; i++) {
/* MSB decoding */
¢ = arith_get_context (c,i,N);
for (lev=esc_nb=0;;) {
pki = arith_get_pk(c+esc, nb<<17)
acod_m|[pki][m]; 1..20 viclbf
if (m = ARITH_ESCAPE)
break;
lev += 1;
if ( (esc_nb=lev)>7)
es¢ nb=7;
}
b = m>32;
a =m< (b<<2);

/* ARITH_STOP symbol detection */
I mM==0&&ev=>0)
break;

/* LSB decoding */
for (I=lev; 1>0; I--) {
Isbidx = (a==0)?1:((b==0)?0:2);
acod_r[Isbidx][r]; 1..20 viclbf
a=(a<<1)|(r&1);
b=(b<<1)[((r>>1)&1);
}

x_ac_dec[2*] = a;
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x_ac_dec[2*i+1] = b;
arith_update_context(i,a,b);

}
arith_finish(x_ac_dec, i,N);

/* Signs decoding */
for (i=0; i<Ig; i++) {
if (x_ac_dec]i] = 0) {
S; 1 uimsbr
if (s==0) { x_ac_dec][i] *= -1; }

}
}
}
Table 39 — Syntax of fac_data()
Syntax No. of bits Mnemonit
fac_data(useGain, fac_length)
{
if (useGain) {
fac_gain; 7 uimsbf
}
for (i=0; i<fac_length/8; i++) {
code_book_indices (i, 1, 1);
}
}
NOTE 1: This value is encoded using a modified unary code, where gn=0 is represented by one [0"
bit, and any value gn greater or equal t0.2'is represented by gn-1 "1" bits followed by one "0" stop
bit.
Note that gn=1 cannot be signaled; because the codebook Q; is not defined.

§5.3.3 Payloads for enhanced'SBR

Table 40 — Syntax of UsacSbrData()

Syntax No. of bits Mnemonic
UsacSbrData(humberSbrChannels, indepFlag)
{

if{indepFlag) {
sbrinfoPresent = 1;
sbrHeaderPresent = 1;

lelse{
sbrinfoPresent; 1 uimsbf
if (sbrinfoPresent) {
sbrHeaderPresent; 1 uimsbf
}else {
sbrHeaderPresent = 0;
}
}
if (sbrinfoPresent) {
Sbrinfo();
}
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if (sbrHeaderPresent) {
sbrUseDfltHeader;

if (sbrUseDfltHeader) {

/* copy all SbrDfltHeader() elements
dift_ xxx_yyy to bs_xxx_yyy */

uimsbf

}else {
SbrHeader();
}
}
EbT_data(bs_amp_res, numbersbrohannels, Indepriagy;
}
Table 41 — Syntax of Sbrinfo
Synfax No. of bits Mhemonic
Sbrlnfo()
{
bs_amp_res; 1 uimsbf
bs_xover_band; 4 uimsbf
bs_sbr_preprocessing; 1 uimsbf
f (bs_pvc) {
bs_pvc_mode; 2 uimsbf
1
Table 42 — Syntax of SbrHeader()
Synjax No. of bits Mnemonic
SbriHeader()
{
bs_start_freq; 4 uimsbf,
NOTE 1
bs_stop_freq; 4 uimsbf,
NOTE 1
bs_header_extra_1; 1 uimsbf
bs_header_extra_2; 1 uimsbf
f (bs_header_exira’ 1) { NOTE 2
bs_freq scale; 2 uimsbf
bs_alter scale; 1 uimsbf
bs_noise_bands; 2 uimsbf
)
fbs—header—extra—2H{ NOTE2
bs_limiter_bands; 2 uimsbf
bs_limiter_gains; 2 uimsbf
bs_interpol_freq; 1 uimsbf
bs_smoothing_mode; 1 uimsbf
}
}
NOTE 1: bs_start_freq and bs_stop_freq shall define a frequency band that does not exceed the
limits defined in 7.5.5 and ISO/IEC 14496-3:2009, 4.6.18.3.6.
NOTE 2: If this bit is not set the default values for the underlying data elements shall be used
disregarded any previous value.
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Table 43 — Syntax of sbr_data()

Syntax No. of bits Mnemonic
sbr_data(bs_amp_res, numberSbrChannels, indepFlag)

{

switch (numberSbrChannels) {
case 1:
sbr_single_channel_element(bs_amp_res, bs_pvc_mode, indepFlag);
break;
case 2:
sbr_channel_pair_element(bs_amp_res, indepFlag);
break;

Table 44 — Syntax of sbr_single_channel_element()

Syntax Noof bits Mnemoni

T

sbr_single_channel_element(bs_amp_res, bs_pvc_mode, indepFlag)
{
if (harmonicSBR) {
if (sbrPatchingMode[0] == 0) {
sbrOversamplingFlag[0];
if (sbrPitchinBinsFlag[0])
sbrPitchinBins[0];
else
sbrPitchInBins[0] = 0;
}else {
sbrOversamplingFlag[0] = 0;
sbrPitchinBins[0] = 0;

uimsbf
uimsbf
uimsbf
uimsbf

N = =

}

sbr_grid(0, bs_pvc (mode);
sbr_dtdf(0, bs_pvc_mode, indepFlag);
sbr_invf(0);
if (bs_pvc_mode==0) {
sbrenvelope(0, 0, bs_amp_res);
} elsef
pvc_envelope(indepFlag);
}

sbr_noise(0, 0);

i tbrs—ardd—trarmomtic_fragfoiyt
sbr_sinusoidal_coding(0, bs_pvc_mode);

-

uimsbf—

}
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Table 45 — Syntax of sbr_channel_pair_element()

Syntax

No. of bits  Mnemonic

sbr_channel_pair_element(bs_amp_res, indepFlag)

{

if (bs_coupling) {

if (harmonicSBR) {
if (sbrPatchingMode[0,1] == 0) {
sbrOversamplingFlag[0,1];

f (sbrPitchinBinsFlag[0,1])

1 uimsbf

uimsbf
uimsbf
uimsbf

sbrPitchinBins[0,1];
else
sbrPitchInBins[0,1] = 0;
}else {
sbrOversamplingFlag[0,1] = 0;
sbrPitchInBins[0,1] = 0;
}
}
sbr_grid(0, 0);
sbr_dtdf(0, 0, indepFlag);
sbr_dtdf(1, 0, indepFlag);
sbr_invf(0);

sbr_envelope(0,1, bs_amp_res);
sbr_noise(0,1);
sbr_envelope(1,1, bs_amp_res);
sbr_noise(1,1);

} else {

if (harmonicSBR) {
if (sbrPatchingMode[0] == 0) {
sbrOversamplingFlag[0];
if (sbrPitchinBinsFlag[0])
sbrPitchinBins[0};
else
sbrPitchInBins[0] = 0;
}else {
sbrOversamplingFlag[0] = 0;
sbrPitchinBins[0] = 0;
}
if (sbrRatchingMode[1] == 0) {
sbrOversamplingFlag[1];
if (sbrPitchinBinsFlag[1])
sbrPitchinBins[1];
else
sbrPitchinBins[1] = 0;

Nk

uimsbf

uimsbf
uimsbf
uimsbf
uimsbf

N = =

uimsbf
uimsbf
uimsbf
uimsbf

N = =

felse{
sbrOversamplingFlag[1] = 0;
sbrPitchIinBins[1] = 0;
}
}
sbr_grid(0, 0);
sbr_grid(1, 0);
sbr_dtdf(0,0, indepFlag);
sbr_dtdf(1,0, indepFlag);
sbr_invf(0);
sbr_invf(1);
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sbr_envelope(0,0, bs_amp_res);
sbr_envelope(1,0, bs_amp_res);
sbr_noise(0,0);
sbr_noise(1,0);
}
if (bs_add_harmonic_flag[0]) { 1 uimsbf
sbr_sinusoidal_coding(0, 0);
H
if (bs_add_harmonic_flag[1]) { 1 uimsbf
sbr_sinusoidal_coding(1, 0);
}
}
Table 46 — Syntax of sbr_grid()
Syntax No. of bits  Mneimonic
sbr_grid(ch, bs_pvc_mode)
{
if (bs_pvc_mode == 0) {
switch (bs_frame_class) { 2 uimsgbf
case FIXFIX
bs_num_env[ch] = 2 tmp; 2 uimsbf,
NOTE 1
if (bs_num_env[ch] == 1)
bs amp_res =0;
bs_freq_res[ch][0]; 1 uimgbf
for (env = 1; env < bs_num “env|ch]; env++)
bs_freq_res[ch][env}-= bs_freq_res[ch][0];
break;
case FIXVAR
bs_var_bord_1[ch]; 2 uimgbf
bs_num_envfch] = bs_num_rel_1[ch] + 1; 2 uimgbf
for (rel # 0vrel < bs_num_env[ch]-1; rel++)
bs, rel_bord_1[ch][rel] = 2* tmp + 2; 2 uimsgbf
ptt-bits = ceil (log (bs_num_env[ch] + 1) / log (2)); NOTE 2
bs' pointer|[ch]; ptr_bits uimgbf
for (env = 0; env < bs_num_env[ch]; env++)
bs_freq_res[ch][bs_num_env[ch] — 1 —env]; 1 uimgbf
break;
case VARFIX
bs_var_bord_0[ch]; 2 uimgbf
bs num_envich] = bs_num_rel_0[ch] + 1; 2 uimsbf
for (rel = 0; rel < bs_num_env[ch]-1; rel++)
bs rel bord_O[ch][rel] = 2* tmp + 2; 2 uimsbf
ptr_bits = ceil (log (bs_num_env[ch] + 1) / log (2)); NOTE 2
bs_pointer|ch]; ptr_bits uimsbf
for (env = 0; env < bs_num_env[ch]; env++)
bs_freq_res[ch] [env]; 1 uimsbf
break;
case VARVAR
bs_var_bord_0[ch]; 2 uimsbf
bs_var_bord_1[ch]; 2 uimsbf
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bs_num_rel_0[ch]; 2 uimsbf
bs_num_rel_1[ch]; 2 uimsbf
bs_num_env[ch] = bs_num_rel_0[ch] + bs_num_rel_1[ch] + 1; NOTE 1
for (rel = 0; rel < bs_num_rel_O[ch]; rel++)
bs_rel_bord_O[ch][rel] = 2* tmp + 2; 2 uimsbf
for (rel = 0; rel < bs_num_rel_1[ch]; rel++)
bs_rel_bord_1[ch][rel] = 2* tmp + 2; 2 uimsbf
ptr_bits = ceil (log(bs_num_env[ch] + 1) / log (2)); NOTE 2
bs_pointer|[ch]; ptr_bits uimsbf
for(env =0; env < bs_num_env[ch]; env¥T)
bs_freq_res|[ch][env]; 1 uimsbf
break;
}
if (bs_num_env[ch] > 1) {bs_num_noise[ch] = 2; }
else { bs_num_noise[ch] = 1; }
} else {
bs_noise_position[ch]; 4 uimsbf
bs_var_len_hf[ch]; 1,3 uimsbf

if (bs_noise_position[ch] == 0) {
bs _num_env[ch] = 1;
bs _num_noise[ch] = 1;
bs_freq_res[ch][0] = O;
}else {
bs_num_env[ch] = 2;
bs_num_noise[ch] = 2;
for (env = 0; env < bs_num_env|ch]; env++)y{
bs_freq_res[ch][env] = 0;

}

NOTH 1: bs_num_env is restricted agcording to 7.5.1.3
NOTH 2: the division (/) is a float-division without rounding or truncation.

Table 47 — Syntax of sbr_envelope()

Syntax No. of bits  Mnemonig

sbr_envelope(ch, bseoupling, bs_amp_res)
{
if (bg_coupling) {
f (ch).{
if (bs amp res){
t_huff =t_huffman_env_bal_3 0dB;
f_huff =f_huffman_env_bal_3 0dB;
}else {
t_huff = t_huffman_env_bal_1_5dB;
f_huff = f_huffman_env_bal_1_5dB;

}

}else {
if (bs_amp_res) {
t_huff =t_huffman_env_3 0dB;
f _huff =f_huffman_env_3 0dB;
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}else {
t_huff = t_huffman_env_1_5dB;
f_huff = f_huffman_env_1_5dB;

}

}else {
if (bs_amp_res) {
t_huff =t_huffman_env_3 0dB;
f_huff =f _huffman_env_3 0dB;
Yerser
t_huff =t_huffman_env_1_5dB;
f_huff =f_huffman_env_1_5dB;

}

for (env = 0; env < bs_num_env|ch]; env++) {
if (bs_df _env[ch][env] == 0) {
if (bs_coupling && ch) {
if (bs_amp_res)

bs_data_env[ch][env][0] = bs_env_start_value_balance; 5 uimsbf
else
bs data_env[ch][env][0] = bs_env_start_value -balance; 6 uimsbf
}else {
if (bs_amp_res)
bs_data_env[ch][env][0] = bs_env_start_value_level; 6 uimsbf
else
bs_data_env[ch][env][0] = bs_env:_start_value_level; 7 uimsbf
}
for (band = 1; band < num_env_bands[bs_freq_res[ch][enV]]; band++) NOTE 1
bs_data_env[ch][env][band}.="sbr_huff_dec(f_huff, bs_codeword); 1..18 NOTE 2
} else {
for (band = 0; band < num(env_bands[bs_freq_res[ch][env]]; band++) NOTE 1
bs_data_env[ch][efiv][band] = sbr_huff_dec(t_huff, bs_codeword); 1..18 NOTE 2
}
if (bs_interTes) {
bs_temp_shapef[ch][env]; 1 uimsbf
If (bs_temp~—shape[ch][env]) {
bs_inter_temp_shape_mode[ch][env]; 2 uimsbf
}
}

}

SO/IEC 14496-3:2009, 4.6.18.3 and is named n.
OTE 2: sbr huff dec() is defined in ISO/IEC 14496-3:2009, 4. A.6.1

h
NOTE3num_env_bands[bs_freq_res[ch][env]] is derived from the header according to
I
)
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Table 48 — Syntax of sbr_dtdf()

Syntax No. of bits

Mnemonic

sbr_dtdf ( ch, bs_pvc_mode, indepFlag)
{
if (bs_pvc_mode == 0) {
if (indepFlag) {
bs_df env[ch][0] =0
}else {
bs df env[ch][0]; 1

}
for (env = 1; env < bs_num_env|ch]; env++) {
bs_df_env[ch][env]; 1
}
)
f (indepFlag) {
bs_df noise[ch][0] =0
} else {
bs_df_noise[ch][0]; 1
}
for (noise = 1; noise < bs_num_noise[ch]; noise++) {
bs_df_noise[ch][noise]; 1

Table 49 — Syntax of sbr_sinusoidal_coding()

Syntax No. of bits

Mnemonic

sbr |sinusoidal_coding(ch, bs_pvc_mode)

for (n = 0; n < num_high_res[ch]; n++)
bs_add_harmonic [ch][n]; 1
f (bs_pvc_mode !=0) {
bs_sinusoidal_position = 3%
bs_sinusoidal_position) flag; 1
if (bs_sinusoidal_position_flag == 1)
bs_sinusoidal_position; 5

uimsbf
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Table 50 — Syntax of pvc_envelope

Syntax No. of bits  Mnemonic
pvc_envelope(indepFlag)
{
divMode; 3 uimsbf
nsMode; 1 uimsbf

if (divMode<=3) {
num_length = divMode;
if (indepFlag) {
reuse_pvclD = 0;
}else {
reuse_pvclD; 1 uimsbf

}
if (reuse_pvclID) {

pvclD[0]=pvcIDI[-1];
}else {

pvclD[0]; 4 uimsbf
}
k=1;
if (num_length) {

sum_length=0;

for (i=0; i<num_length; i++) {

if (sum_length >= 13) {

length; 1 uimsbf
} else if (sum_length >= 11) {

length; 2 uimsbf
} else if (sum_length >=7) {

length; 3 uimsbf
}else {

length; 4 uimsbf
}
length += 1;

sum_length +=1ength;
for (j=1; j<length; j++, k++) {
pvclD[k] = pvclD[k-1];
}
pvclD[k++]; 7 uimsbf

}
}
for¢; k<16; k++) {
pvclD[k]=pvcID[k-1];
}
1 else {
switch (divMode) {
case 4.
num_grid_info=2;
fixed_length=8;
break;
case 5:
num_grid_info=4;
fixed_length=4;
break;
case 6:
num_grid_info=8;
fixed_length=2;
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break;
case 7:
num_grid_info=16;
fixed_length=1;
break;
}
for (i=0, k=0; i<num_grid_info; i++) {
if (indepFlag && i==0) {

grid_info = 1;
Terser

grid_info; 1 uimsbf
}
if (grid_info) {

pvclD[k++]; 7 uimsbf
}else {

pvcID[k++] = pvcID[k-1];
}

for (j=1; j<fixed_length; j++, k++) {
pvcID[K] = pvcID[k-1];

}
}
)
}
Table 51 — References to SBR syntactic elements

Syntax of Please see

sbr]invf() ISO/IEC 14496%3:2009, 4.4.2.8, Table 4.71
sbr|noise() ISO/IEC 14496-3:2009, 4.4.2.8, Table 4.73

5.3.4 Payloads for MPEG Surround

Table 52 — Syntax of Mps212Data()

Synjax No. of bits Mnemonic
212Data(indepFlag)

<
O
7))

Framinglnfo();
f (indepFlag){
bsindependencyFlag = 1;
} else {
bsindependencyFlag; 1 uimsbf

)
OttData();

SmgData();

TempShapeData();

if (bsTsdEnable == 1) {
TsdData();

}
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Table 53 — Syntax of Framinginfo()

Syntax No. of bits Mnemonic
FraminglInfo()
{
if (bsHighRateMode) {
bsFramingType; 1 uimsbf
bsNumParamSets; uimsbf
}else {
bsFramingType = 0;
bsNumParamSets = 1;
}
numParamSets = bsNumParamSets + 1;
nBitsParamSlot = ceil(log2(numSilots));
if (bsFramingType) {
for (ps=0; ps<numParamSets; ps++) {
bsParamSilot[ps]; nBitsParamsSlot uimsbf
}
}
}
Table 54 — Syntax of OttData()
Syntax No. of bits Mnemorjic
OttData()
{
EcData(CLD, 0, 0, numBands); NOTE 1
EcData(ICC, 0, 0, numBands); NOTE 1
if (bsPhaseCoding) {
bsPhaseMode; 1 uimsbf
if (bsPhaseMode) {
bsOPDSmoothingMode; 1 uimsbf
EcData(IPD, 0,\0, bsOttBandsPhase);
}
}
}
NOTE 1: numBands is defined in ISO/IEC 23003-1:2007, 5.2, Table 39 and depends on bsFreqRes.
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Table 55 — Syntax of SmgData()

Syntax No. of bits  Mnemonic
SmgData()
{
if (bsHighRateMode) {
for (ps=0; ps<numParamSets; ps++) { NOTE 1
bsSmoothMode[ps]; 2 uimsbf
if (bsSmoothMode[ps] >= 2) {
bsSmoothTime[ps]: 2 uimsbf
}
if (bsSmoothMode[ps] == 3) {
bsFreqResStrideSmg[ps]; 2 uimsbf
dataBands = (humBands-1)/pbStride+1; NOTE-2
for (pg=0; pg<dataBands; pg++) {
bsSmgData[ps][pg]; 1 uimsbf
}
}
}
else {
for (ps=0; ps<numParamSets; ps++) {
bsSmoothMode[ps] = 0;
}
}
NOTE 1: numParamSets is defined by numParamSets = bsNumParamSets + 1.
NOTE 2: pbStride is defined in ISO/IEC 23003-1:2007, 5:2;’Table 70 and depends on
bsFreqResStrideSmg.
The division shall be interpreted as ANSI C-integer division. numBands is defined in
ISO/IEC 23003-1:2007, 5.2, Table 39 and\depends on bsFreqRes.

Table 56(—'Syntax of TempShapeData()

Synjax No. of bits  Mnemonic
TempShapeData()

bsTsdEnable = 0;
f (bsTempShapeConfig == 3) {

bsTsdEnable; 1 uimsbf
} else if ( (bsTempShapeConfig == 1) || (bsTempShapeConfig == 2) ) {
bsTempShapeEnable; 1 uimsbf
if (bsTempShapeEnable) {
for (ch=0; ch< numTempShapeChan; ch++) { NOTE 1
bsTempShapeEnableChannel[ch]; 1 uimsbf

kY

}j
if (bsTempShapeConfig == 2) {
EnvelopeReshapeHuff(bsTempShapeEnableChannel);

}

}
}
NOTE 1: numTempShapeChan is 2 as defined 6.2.13.2.
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Table 57 — Syntax of TsdData()

Syntax No. of bits Mnemonic
TsdData()
{
bsTsdNumTrSlots; nBitsTrSlots uimsbf
NOTE 1
TsdSepData = TsdTrPos_dec(bsTsdCodedPos); nBitsTsdCW  viclbf
NOTE 2,3

for (ts=0; ts< numSilots: ts++) {
if (TsdSepData[ts] == 1) {
bsTsdTrPhaseData[ts] 3 uimsbf
}else {
bsTsdTrPhaseData[ts] = 0:

}
}
}
NOTE 1: nBitsTrSlots depends on the frame length as defined in Table 105:
NOTE 2: nBitTsdCW is calculated according to the rule described in 7.11h24.
NOTE 3: TsdTrPos_dec() is defined in 7.11.2.4.

Table 58 — Syntax of EcData()

Syntax No. of bits ~ Mnemdgnic
EcData(dataType, paramldx, startBand, stopBand) NOTE
{
dataSets = 0;
for (ps=0; ps<numParamSets; ps++) { NOTE 2
bsXXXdataMode[paramldx][ps]; 2 uimsbf
if (bsXXXdataMode[paramldx][ps]==3) {
dataSets++;
}
}
setldx = 0;
while (setldx < dataSets) {
bsDataPairXXX[paramldx][setldx]; 1 uimsbf
bsQuantCoarseXXX[paramldx][setldx]; 1 uimsbf
bsFreqResStrideXXX[paramldx][setldx]; 2 uimsbf
dataBands = (stopBand-startBand-1)/pbStride+1; NOTE B

ECDataPair(dataType, paramldx, setldx, dataBands,
bsDataPairXXX[paramldx][setldx] ,
bsQuantCoarseXXX[paramldx][setldx]);
if (bsDataPairXXX[paramldx][setldx]) {
bsQuantCoarseXXX[paramldx][setldx+1] = bsQuantCoarseXXX[paramldx][setldx];

ol R [« TSP PAVAVAVA (P2 Pvals oo 471 — Lol R [« ISP PAVAVAVA P2 rvals ePA| .
VOl TOCUNMNTOUUTUTAAAIVATAITITUAJ[STUUA T T = Vol TCUITOUUTUTAAAIVATAITITUA [ STUIUA],

}
setldx += bsDataPairXXX[paramldx][setldx]+1;

}
startBandXXX[paramldx] = startBand;
stopBandXXX[paramldx] = stopBand;
}
NOTE 1: XXX is to be replaced by the value of dataType (CLD, ICC, IPD).
NOTE 2: numParamSets is defined by numParamSets = bsNumParamSets + 1.
NOTE 3: pbStride is defined in ISO/IEC 23003-1:2007, Table 70 and depends on
bsFreqResStride[][]. Furthermore the division shall be interpreted as ANSI C integer division.
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Table 59 — Syntax of EcDataPair()

Syntax No. of bits  Mnemonic
EcDataPair(dataType, paramldx, setldx, dataBands, pairFlag, NOTE 1
coarseFlag)

{

mixedTimePair_flag = 0;

bsPcmCodingXXX[paramldx][setldx]; 1 uimsbf

f (bsPcmCoding[paramldx][setldx]) {
if (coarseFlag) {

numQuantSteps = numQuantStepsXXXCoarse; NOTE 2
Else {
numQuantSteps = numQuantStepsXXXFine; NOTE 2

}
aaDataPair = GroupedPcmData(dataType, pairFlag,
numQuantSteps, dataBands );

)
else {
allowDiffTimeBack = (!bsIndependencyFlag) || (setldx>0);
(aaDataPairMsbDiff, aPgOffset, mixedTimePair_flag) =

DiffHuffData( dataType, pairFlag,

allowDiffTimeBack, dataBands );
aaDataPairLsb[0] = LsbData( dataType, coarseFlag, dataBands );
if (pairFlag) {

aaDataPairLsb[1] = LsbData( dataType, coarseFlag, dataBands );

}

* copy information read by EcDataPair() and its subfunctions
nto non-ambiguous variables for later delta decoding etc. */

bsDiffTypeXXX[paramldx][setldx] = bsDiffType[0];
bsDiffTimeDirectionXXX[paramldx][setldx] = bsDiffTimeDirection[0];

MmixedTimePairXXX[paramldx][setldx] = mixedTimePair_flag;

f (pairFlag) {
bsDiffTypeXXX[paramldx][setldx+1] = bsDiffType[1];

bsDiffTimeDirectionXXX[paramldx][setldx+1] = bsDiffTimeDirection[1];
bsPcmCodingXXX[paramldx][setldx+1] = bsPcmCodingXXX[paramldx][setldx];
mixedTimePairXXX[paramldx][setldx+1] = mixedTimePair_flag;

for'(pg=0; pg<dataBands; pg++) {
if (heDr\m(‘nr{ingYYY[pQerldv][enﬂdv]) {
bsXXXpcm[paramldx][setldx][pg] = aaDataPair[0][pg];
else {
bsXXXmsbDiff[paramldx][setldx][pg] = aaDataPairMsbDiff[0][pg];
bsXXXlsb[paramldx][setldx][pg] = aaDataPairLsb[0][pg];

}
if (pairFlag) {
if (bsPcmCodingXXX[paramldx][setldx+1]) {
bsXXXpcm[paramldx][setldx+1][pg] = aaDataPair[1][pg];
}

else {
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bsXXXmsbDiff[paramldx][setldx+1][pg] =aaDataPairMsbDiff[1][pg];
bsXXXlsb[paramldx][setldx+1][pg] = aaDataPairLsb[1][pg];

}
}
NOTE 1: XXXis to be replaced by the value of dataType. (CLD, ICC, IPD).
NOTE 2: numQuantStepsXXXCoarse and numQuantStepsXXXFine are defined in Table 107 and
depend on dataType.

Table 60 — Syntax of DiffHuffData()

Syntax No. of bits' = Mnemonic
DiffHuffData(dataType, pairFlag, allowDiffTimeBackFlag, dataBands)
{

mixedTimePair_flag = 0;

bsDiffType[0] = DIFF_FREQ;
bsDiffType[1] = DIFF_FREQ;

if ( pairFlag || allowDiffTimeBackFlag ) {
bsDiffType[0]; 1 uimsbf
}
if ( pairFlag && ( ( bsDiffType[0] == DIFF_FREQ )|
allowDiffTimeBackFlag ) ) {
bsDiffType[1]; 1 uimsbf
}

bsCodingScheme; 1 uimsbf
if ( bsCodingScheme == HUFF_1D>) {
(aaHuffData[0]) = HuffData1D( dataType, aDiffType[0], dataBands );
if ( pairFlag ) {
(aaHuffData[1]) = HuffData1D( dataType, aDiffType[1], dataBands );

}
}
else{ /* HUFF-.2D */
if (pairFlag){
bsPairing; 1 uimsbf
}
else {
bsPairing = FREQ_PAIR;
}

if ( bsPairing == FREQ_PAIR ) {
(aaHuffData[0]) = HuffData2DFreqgPair( dataType, aDiffType[0],
dataBands );

if ( pairFlag ) {
(aaHuffData[1]) = HuffData2DFreqPair( dataType, aDiffType[1],
dataBands );
}
}
else { /* TIME_PAIR */
(aaHuffData) = HuffData2DtimePair( dataType, aDiffType,
dataBands );
if ( bsDiffType[0] != bsDiffType[1] ) {
mixedTimePair_flag = 1;
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}

I* Inverse differential coding */
if ( (bsDiffType[0] == DIFF_TIME) || (bsDiffType[1] == DIFF_TIME) ) {
if ( lallowDiffTimeBackFlag && (bsDiffType[0] == DIFF_TIME) ) {
bsDiffTimeDirection[0] = FORWARDS;

}
else If(IpalrFrag [ (paifFfag && (DsDIffType[ T == DIFF_TIME)) JX
bsDiffTimeDirection[0] = BACKWARDS;
}
else {
bsDiffTimeDirection[0]; 1 uimsbf
}
if ( pairFlag ) {
bsDiffTimeDirection[1] = BACKWARDS;
}
return (aaHuffData, aPgOffset, mixedTimePair_flag);
}
Table 61 — Syntax of HuffData1D()
Syntax No. of bits  Mnemonic
HuffData1D(dataType, diffType, dataBands)
{
pgOffset = 0;
f ( diffType == DIFF_FREQ) {
aHuffData1D[0] = 1Dhuff_dec(hcodFirstBand_XXX, bsCodeW);  1..x viclbf
NOTE1,3
pgOffset = 1;
)
for ( i=pgOffset; i<dataBands; i++ ) {
aHuffData1D{i}+ 1Dhuff_dec(hcod1D_ XXX YY, bsCodeW); 1..x viclbf
NOTE1,2,
3
if (aKuffData1D]i] = 0 && dataType != IPD) {
bsSign; 1 uimsbf
if (bsSign ) {
aHuffData1DJi] = -aHuffData1D]i];
}
}
}
return (aHuffData1D);
}
NOTE 1: XXX s to be replaced by the value of dataType (CLD, ICC, IPD).
NOTE 2: YY is to be replaced by “DF”, or “DT”, depending on the value of diffType.
NOTE 3:  1Dhuff_dec() is defined in ISO/IEC 23003-1:2007, A.1. For IPD tables, see A.3.
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Table 62 — Syntax of HuffData2DFreqPair()

Syntax No. of Mnemonic
bits
HuffData2DFreqPair(dataType, diffType, dataBands)
{
Lavldx = 1Dhuff_dec(hcodLavldx, bsCodeW); 1.3 viclbf
lav = lavTabXXX[Lavldx]; NOTE 1
pgOffset = 0;
if ( diffType == DIFF_FREQ) {

aHuffData2D[0] = 1Dhuff_dec(hcodFirstBand_XXX, bsCodeW); 1..x viclbf NOTE
6

pgOffset = 1;

}

escapeCode = hcod2D_XXX_YY_FP_LL_escape; NOTE
2,345

* specific escape code belonging to this Huffman table */

escCnir = 0;

for ( i=pgOffset; i<dataBands; i+=2 ) {

(aTmp[0], aTmp[1]) = 2Dhuff_dec(hcod2D_XXX_YY FP_LL, bsCodeW); 1..x viclbf,
NOTE
3,4,5,6

if (bsCodeWord != escapeCode ) {

aTmpSym = SymmetryData( aTmp, dataType );
aHuffData2DI[i] = aTmpSym[0];
aHuffData2D[i+1] = aTmpSym[#;
}
else {
aEsclList[escCntr++] =
}
}
if (escCntr>0){
aaEscData =-GroupedPcmData(dataType, 1, 2*lav+1, escCnitr);
for (i=0;,i<escCntr; i++ ) {
aHuffData2D[aEscList[i]] = aaEscData[0][i] - lav;
aHuffData2D[aEscList[i]+1] = aaEscData[1][i] - lav;
h
}
if( (danRgnde-pgﬂ'ﬁ’enf) % 2 ) { NOTE 7
aHuffData2D[dataBands-1] = 1Dhuff_dec(hcod1D_XXX_YY, bsCodeW); 1..x viclbf,
NOTE 3,4,6
if (aHuffData2D[dataBands-1] |= 0 && dataType != IPD) {
bsSign; 1 uimsbf
if ( bsSign ) {

aHuffData2D[dataBands-1] = -aHuffData2D[dataBands-1];
}
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return (aHuffData2D);
}

NOTE 1: lavTabXXX is defined in Table 108.

NOTE 2: The escape code tables are defined in Table A.4 for IPD and in ISO/IEC 23003-1:2007, Table A.8
and Table A.9 for CLD, ICC. For some Huffman tables no escape code is needed since all possible values
are covered by the huffman table.

NOTE 3: XXX s to be replaced by the value of dataType (CLD, ICC, IPD).

NOTE 4: YY is to be replaced by “DF”, or “DT”, depending on the value of diffType.

NOTE 5: LL is to be replaced by the value of lav.

NOTE 67—tbhuffdectand-2bhuffdect)aredefimectHmtSOHEC23663-1:2007A-t—FortPBtabtes;
see A.3.
NOTE 7] % denotes the modulo operator (ANSI C integer math) and returns the remainder of the division.

Table 63 — Syntax of HuffData2DTimePair()

Syntax No..of bits Mnemonic
HuffDataPDTimePair(dataType, aDiffType, dataBands)
{
Lavligx = 1Dhuff_dec(hcodLavldx, bsCodeW); 1.3 viclbf
lav =[lavTabXXX[Lavldx]; NOTE 1
pgOffset = 0;
if ( (aDiffType[0] == DIFF_FREQ) || (aDiffType[1] == DIFF_FREQ) ) {
gaHuffData2D[0][0] = 1Dhuff_dec(hcodFirstBand_XXX, bsCodeW); 1..x viclbf,
NOTE 3,6
gaHuffData2D[1][0] = 1Dhuff_dec(hcodFirstBand_XXX, bsCodeW); 1..x viclbf,
NOTE 3,6
fdgOffset = 1;
}
escapeCode = hcod2D_XXX_YY_TP_LEk escape; NOTE
2,345

/* specific escape code belonging to\this Huffman table */
escCntr = 0;

if ( (aDiffType[0] == DIFF.TIME) || (aDiffType[1] == DIFF_TIME) ) {

diffType = DIFF (TIME;
}
else
diffType=_DIFF_FREQ;
}
for (iFpgOffset; i<dataBands; i++ ) {
(aTmp(01, aTmp[ 1]y = 2Dhuff _dec{hcod2D_XXX_YY_TP_LL, bsCodeW);  T.X Vicibt,
NOTE
3,4,5,6

if (bsCodeW != escapeCode ) {
aTmpSym = SymmetryData( aTmp, dataType );
aaHuffData2D[0][i] = aTmpSym|[0];
aaHuffData2D[1][i] = aTmpSym[1];

}
else {

aEsclList[escCntr++] = i;
}
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}

if (escCntr>0){

aak
for (

}

scData = GroupedPcmData(dataType, 1, 2*lav+1, escCntr);
i=0; i<escCntr; i++ ) {

aaHuffData2D[0][aEscList[i]] = aaEscData[0][i] - lav;
aaHuffData2D[1][aEscList[i]] = aaEscData[1][i] - lav;

ISO/IEC 23003-3:2012(E)

return (aaHuffData2D);

OTE 1:
OTE 2:

OTE 3:
OTE 4:
OTE 5:
OTE 6:
pe A.3.

W Z2 22290 Z Z

lavTabXXX is defined in Table 108.

The escape code tables are defined in Table A.4 for IPD and in ISO/IEC 2300351:2007, Table A.8

XXX is to be replaced by the value of dataType (CLD, ICC, IPD).

YY is to be replaced by “DF”, or “DT”, depending on the value of diffType.

LL is to be replaced by the value of lav.

1Dhuff_dec() and 2Dhuff_dec() are defined in ISO/IEC 23003-1:2007, A.1. For IPD tables

nd Table A.9 for CLD, ICC. For some Huffman tables no escape code is needed since-all possible vglues are
pvered by the huffman table.

Table 64 — Syntax of SymmetryData()

Syntax

No. of bits

Mnemanic

{

if (

}

els

}
if (

}

SymmetryData(aDataPair, dataType)

sumVal = aDataPair[0] + aDataPair[1};
diffVal = aDataPair[0] - aDataPair[1];

sumVal > lav ) {
aDataPair[0] = (2*lav+1) - sumVal;
aDataPair[1] = - diffVal;

e{
aDataPair[0] =sumVal;
aDataPair[1] =diffVal;

aDataPair[0] + aDataPair[1] != 0 && dataType != IPD) {
bsSymBit[0];
if (bsSymBit[0] ) {
aDataPair[0] = - aDataPair[0];
aDataPair[1] = - aDataPair[1];
}

uimsbf

if (

aDataPair[0] - aDataPair[1] =0 ) {
bsSymBit[1];
if (bsSymBit[1] ) {
tmpVal = aDataPair[0];
aDataPair[0] = aDataPair[1];
aDataPair[1] = tmpVal,

uimsbf
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Table 65 — Syntax of LsbData()

Syntax No. of bits Mnemonic
LsbData(dataType, coarseFlag, dataBands)
{
for (i=0; i<dataBands; i++ ) {
bsLsb = 0;
if ((dataType == IPD) && !coarseFlag) {
bsLsb; 1 uimsbf
)
aDataOut[i] =bsLsb;
return (aDataOut);
}
Table 66 — References to MPS syntactic elements
Syntax of Please see
EnvelopeReshapeHuff() ISO/IEC 23003-1:2007, 5.1, Table 21
GroupedPcmData() ISO/IEC 23003-1:2007, 5.1, Table 25

6 Data Structure

6.1 US

6.1.1 T

6.1.1.1

UsacCor

UsacCh{

UsacDed

UsacCor

SAC configuration
erms and Definitions

Data Elements

fig()

nnelConfig()

oderConfig()

figExtension()

UsacSingteCharnmetEtementConfigy()

This element¢contains information about the contained audio content as well
as everything needed for the complete decoder set-up

This element give information about the contained bitstream elements and
their mapping to loudspeakers

This element contains all further information required by the decoder to

interpret the bit stream. In particular the SBR resampling ratio is signaled
here and the structure of the bit stream is defined here by explicitly stating the
number of elements and their order in the bitstream

Configuration extension mechanism to extend the configuration for future
configuration extensions for USAC.

contains all information needed for configuring the decoder to decode one
single channel. This is essentially the core coder related information and if
SBR is used the SBR related information.

UsacChannelPairElementConfig()

50

In analogy to the above this element configuration contains all information
needed for configuring the decoder to decode one channel pair. In addition to
the above mentioned core config and sbr configuration this includes stereo
specific configurations like the exact kind of stereo coding applied (with or
without MPS212, residual etc.). This element covers all kinds of stereo coding
options currently available in USAC.
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UsacLfeElementConfig()

UsacExtElementConfig()

UsacCoreConfig()

ISO/IEC 23003-3:

2012(E)

The LFE element configuration does not contain configuration data as an LFE

element has a static configuration.

This element configuration can be used for configuring any kind of existing or
future extensions to the codec. Each extension element type has its own
dedicated type value. A length field is included in order to be able to skip over

configuration extensions unknown to the decoder.

contains configuration data which have impact on the core coder set-

up.

(s

brConfig()

(ds)

brDfltHeader()

Mps212Config()

D

scapedValue()

usacSamplingFrequencylndex
This index determines(the sampling frequency of the audio signal aftgr

contains default values Tor the configuration elements of eSBR that a
typically kept constant. Furthermore, static SBR configuration elemer]
also carried in SbrConfig(). These static bits include flags for en-Jor d
particular features of the enhanced SBR, like harmonic transposition
TES.

This element carries a default version of the elements-of the SbrHea
can be referred to if no differing values for these elements are desire

All set-up parameters for the MPEG Surround<2-1-2 tools are assem
this configuration.

this element implements a general method to transmit an integer vald
a varying number of bits. It features'a’two level escape mechanism w
allows to extend the representable range of values by successive
transmission of additional bits:

decoding. The valué.of usacSamplingFrequencylndex and their asso
sampling frequencies are described in Table 67.

re

ts are
sabling
or inter

Her() that
.

bled in

e using
hich

ciated
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Table 67 — Value and meaning of usacSamplingFrequencylndex

usacSamplingFrequencylndex sampling frequency

0x00 96000

0x01 88200

0x02 64000

0x03 48000

0x04 44100

0x05 32000

0x06 24000

0x07 22050

0x08 16000

0x09 12000

0x0a 11025

0x0b 8000

0x0c 7350

0x0d reserved

0x0e reserved

0xOf 57600

0x10 51200

0x11 40000

0x12 38400

0x13 34150

0x14 28800

0x15 25600

0x16 20000

0x17 19200

0x18 17075

0x19 14400

Ox1a 12800

0x1b 9600

Ox1c reserved

Ox1d reserved

Ox1e reserved

Ox1f escape value
NOTE: The values of UsacSamplingFrequencylndex 0x00 up to
0xOe are identical to those of the samplingFrequencylndex 0x0
up to Oxe contained in the AudioSpecificConfig() specified in
ISO/IEC14496-3:2009

usacSamplingFrequency Output sampling frequency of the decoder coded as unsigned integer value i
case usacSamplingFrequencylndex equals zero.
channellConfigurationindex This index determines the channel configuration. If channelConfigurationindeix
> (0 the index unambiguously defines the number of channels, channel

elements-and-asseciated :u'u'dopcalr\ci' mappung auuurding to—Ttabte-68—he
names of the loudspeaker positions, the used abbreviations and the general
position of the available loudspeakers can be deduced from Table 69

and Figure 2.
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Table 68 — Channel Configurations,
meaning of channelConfigurationindex,
mapping of channel elements to loudspeaker positions

ISO/IEC 23003-3:2012(E)

val | audio syntactic elements, channel to speaker mapping Speaker | "Front/
ue listed in order received abbrev. Surr.
LFE"
notation
0 - defined in UsacChannelConfig() — -
1 UsacSingleChannelElement() center front speaker C 1/0.0
2 UsacChannelPairElement() lett, right front speakers LR 2/0.0
3 | UsacSingleChannelElement(), center front speaker, C 810.0
UsacChannelPairElement() left, right front speakers LR
4 | UsacSingleChannelElement(), center front speaker, C 3Nn.0
UsacChannelPairElement(), left, right center front speakers, lHOR
UsacSingleChannelElement() center rear speakers Cs
5 | UsacSingleChannelElement(), center front speaker, C 3/2.0
UsacChannelPairElement(), left, right front speakers, L,R
UsacChannelPairElement() left surround, right surround speakers Ls, Rs
6 | UsacSingleChannelElement(), center front speaker, C 3121
UsacChannelPairElement(), left, right front speakers; L,R
UsacChannelPairElement(), left surround, right surround speakers, Ls, Rs
UsacLfeElement() center front LFE speaker LFE
7 | UsacSingleChannelElement(), center front speaker C 5121
UsacChannelPairElement(), left, right centerfront speakers, Lc, Rc
UsacChannelPairElement(), left, right outside front speakers, L,R
UsacChannelPairElement(), left surround,right surround speakers, Ls, Rs
UsacLfeElement() centes front LFE speaker LFE
8 | UsacSingleChannelElement(), channel1 N.A. 1+1
UsacSingleChannelElement() channel2 N.A.
9 UsacChannelPairElement(), left, right front speakers, L,R 2.0
UsacSingleChannelElement() center rear speaker Cs
10 UsacChannelPairElement(), left, right front speaker, L,R 2/2.0
UsacChannelPairElement() left, right rear speakers Ls, Rs
11 | UsacSingleChannelElement(), center front speaker, C 313.1
UsacChannelPairElement(), left, right front speakers, L,R
UsacChannelPairElement(), left surround, right surround speakers, Ls, Rs
UsacSingleChannelElement(), center rear speaker, Cs
UsacLfeElement() center front LFE speaker LFE
12 | UsacSingleChannelElement(), center front speaker C 341
UsacChannelPairElement(), left, right front speakers, L,R
UsacGhannelPairElement(), left surround, right surround speakers, Ls, Rs
UsacChannelPairElement(), left, right rear speakers, Lsr, Rsr
UsacLfeElement() center front LFE speaker LFE
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bsOutpu
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13 | UsacSingleChannelElement(), center front speaker, C 11/11.2
UsacChannelPairElement(), left, right front speakers, Lc, Rc
UsacChannelPairElement(), left, right outside front speakers, L,R
UsacChannelPairElement(), left, right side speakers, Lss, Rss
UsacChannelPairElement(), left, right back speakers, Lsr, Rsr

UsacSingleChannelElement(), back center speaker, Cs
UsacLfeElement(), left front low freq. effects speaker, LFE
UsacLfeElement(), right front low freq. effects speaker, LFE2

UsacSingleChannelElement(), top center front speaker, Cv

UsacChannelPairElement(), top left, right front speakers, Lv, Rv
UsacChannelPairElement(), top left, right side speakers, Lvss, Rvss
UsacSingleChannelElement(), center of the room ceiling speaker, Ts
UsacChannelPairElement(), top left, right back speakers, Lvr, Rvr
UsacSingleChannelElement(), top center back speaker, Cvr
UsacSingleChannelElement(), bottom center front speaker, Cb
UsacChannelPairElement() bottom left, right front speakers Lb, Rb

14 reserved reserved reserved

31

NOT|E: The values of channelConfigurationlndex 1 up to 7 are identical to those'of the

channelConfiguration 1 up to 7 contained in the MPEG-4 AudioSpecificConfig().

tChannelPos

This index describes loudspeaker positiohs which are associated to a given
channel according to Table 69. Figure-2 indicates the loudspeaker position in
the 3D environment of the listener. dn"order to ease the understanding of
loudspeaker positions Table 69 alse*contains loudspeaker positions according
to IEC 100/1706/CDV which are listed here for information to the interested

reader.

Table 69 — bsOutputChannelPos

bsQutput- Loudspeaker position according
Ch;nnel- Loudspeaker.position to IEC 100/1706/CDV
os IEC 62574 (TC100)

Abbr. Name Abbr. Name

0 L Left Front FL Front Left

1 R Right Front FR Front Right

2 C Center Front FC Front Centre

3 LFE Low Frequency Enhancement LFE1 Low Frequency Effects-1

4 Ls Left Surround LS Left Surround

5 Rs Right Surround RS Right Surround

6 Le Left Front Center FLc Front Left centre

7 Rc Right Front Center FRc Front Right centre

8 Lsr Rear Surround Left BL Back Left

9 Rsr Rear Surround Righf BR Back Righf

10 Cs Rear Center BC Back Centre

11 Lsd Left Surround Direct LSd Left Surround direct

12 Rsd Right Surround Direct RSd Right Surround direct

13 Lss Left Side Surround SL Side Left

14 Rss Right Side Surround SR Side Right

15 Lw Left Wide Front FLw Front Left wide

16 Rw Right Wide front FRw Front Right wide

17 Lv Left Front Vertical Height TpFL Top Front Left

18 Rv Right Front Vertical Height TpFR | Top Front Right

19 Cv Center Front Vertical Height TpFC | Top Front Centre

20 Lvr Left Surround Vertical Height Rear TpBL Top Back Left
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21 Rvr Right Surround Vertical Height Rear TpBR | Top Back Right

22 Cvr Center Vertical Height Rear TpBC | Top Back Centre

23 Lvss Left Vertical Height Side Surround TpSiL | Top Side Left

24 Rvss Right Vertical Height Side Surround TpSiR | Top Side Right

25 Ts Top Center Surround TpC Top Centre

26 LFE2 Low Frequency Enhancement 2 LFE2 Low Frequency Effects-2
27 Lb Left Front Vertical Bottom BtFL Bottom Front Left
28 Rb Right Front Vertical Bottom BtFR Bottom Front Right
29 Cb Center Front Vertical Bottom BtFC Bottom Front Centre
20 Lyve L oft \/artical I—lnighl’ Surraund Tpl S Tnp | oft Surraund
31 Rvs Right Vertical Height Surround TpRS | Top Right Surround

s & &
obooaa
o S

LFE F\ RLFEZ

Q- o)
Qs b,
=

Figure 2 — Loudspeaker positions

gofeSbrFrameLengthindex This index determines the output frame length of the decoder, the sbrRatio

dl Id thc Dbl Ratiuh IdUA ICDpCthVU:y, ado VVU” ado thc CUI CCUch FI dall IUL ngth
(ccfl) and the value of numSlots which is used in Mps212. The exact mapping
can be found in the Table below:
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Table 70 — Values of coreCoderFrameLength, sbrRatio,
outputFrameLength and numSiots depending on coreSbrFrameLengthindex

Index coreCoder- sbrRatio output- Mps212
FramelLength | (sbrRatiolndex) | FrameLength numSilots
0 768 no SBR (0) 768 N.A.
1 1024 no SBR (0) 1024 N.A.
2 768 8:3(2) 2048 32
3 1024 2:17(3) 2048 32
4 1024 4:1 (1) 4096 64
5.7 reserved

usacConfigExtensionPresent Indicates the presence of extensions to the configuration

numOutChannels If the value of channelConfigurationlndex indicates that(none of the pre-
defined channel configurations is used then this element determines the
number of audio channels for which a specific loudspeaker position shall be
associated.

numElements This field contains the number of elements that will follow in the loop over
element types in the UsacDecoderConfig()

usacElementType[elemldx] defines the USAC channel element.itype of the element at position elemldx in
the bit stream. Four element typ&s-éxist, one for each of the four basic bit
stream elements: UsacSingleChannelElement(), UsacChannelPairElementy(),
UsacLfeElement(),UsacExtElement(). These elements provide the necessary
top level structure while maintaining all needed flexibility. The meaning of
usacElementType is defined in Table 71.

Table 71 — Value of usacElementType

usacElementType Value
ID_USAC_SCE 0
ID_USAC_CPE 1
ID_USAC_LFE 2
ID_USAC_EXT 3
stereoConfigindex This element determines the inner structure of a UsacChannelPairElement().

It indicates the use of a mono or stereo core, use of MPS212, whether stereo
SBR is applied, and whether residual coding is applied in MPS212 according
to Table 72. This element also defines the values of the helper elements
bsStereoSbr and bsResidualCoding.

Table 72 — Values of stereoConfigindex and its meaning and
implicit assignment of bsStereoSbr and bsResidualCoding

stereoConfigindex meaning bsStereoSbr bsResidualCoding
0 regular CPE (no MPS212) N/A 0
1 single channel + MPS212 N/A 0
2 two channels + MPS212 0 1
3 two channels + MPS212 1 1
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tw_mdct

noiseFilling

harmonicSBR
bs_interTes

dflt_start_freq

ISO/IEC 23003-3:2012(E)

This flag signals the usage of the time-warped MDCT in this stream.

This flag signals the usage of the noise filling of spectral holes in the FD core
coder.

This flag signals the usage of the harmonic patching for the SBR.
This flag signals the usage of the inter-TES tool in SBR.

This is the default value for the bit stream element bs_start_freq, which is

dflt_stop_freq

dfit_header_extra1

dflt_header_extra2

dflt_freq_scale

dflt_alter_scale

dflt_noise_bands

dflt_limiter_bands

o

flt_limiter_gains

o

flt_interpol_ freq

applied In case the flag sbruseDiltHeader indicates that detault valuep for the
SbrHeader() elements shall be assumed.

This is the default value for the bit stream element bs_stop Areq; whigh is
applied in case the flag sbrUseDfltHeader indicates that default valuep for the
SbrHeader() elements shall be assumed.

This is the default value for the bit stream element‘bs”header_extra1] which is
applied in case the flag sbrUseDfltHeader indicates that default valuep for the
SbrHeader() elements shall be assumed.

This is the default value for the bit streaf-glement bs_header_extra2| which is
applied in case the flag sbrUseDfltHeader indicates that default valueg for the
SbrHeader() elements shall be assumed.

This is the default value for the' bit stream element bs_freq_scale, which is
applied in case the flag sbriUseDfltHeader indicates that default valuep for the
SbrHeader() elements shall'be assumed.

This is the default value for the bit stream element bs_alter_scale, whiich is
applied in case thé&flag sbrUseDfltHeader indicates that default valuep for the
SbrHeader() elements shall be assumed.

This is the défault value for the bit stream element bs_noise_bands, which is
applied’in case the flag sbrUseDfltHeader indicates that default value for the
SbrHeader() elements shall be assumed.

This is the default value for the bit stream element bs_limiter_bands, which is
applied in case the flag sbrUseDfltHeader indicates that default valuep for the
SbrHeader() elements shall be assumed.

This is the default value for the bit stream element bs_limiter_gains, which is
applied in case the flag sbrUseDfltHeader indicates that default valuep for the
SbrHeader() elements shall be assumed.

This is the default value for the bit stream element bs_interpol_freq, which is
applied in case the flag sbrUseDfltHeader indicates that default valuep for the
SbrHeader() elements shall be assumed.

flt_smoothing_mode

usacExtElementType

© ISO/IEC 2012 — All rights reserved

This 1s the default value Tor the bit stream element bs_smoothing_mode,
which is applied in case the flag sbrUseDfltHeader indicates that default
values for the SbrHeader() elements shall be assumed.

this element allows to signal bit stream extensions types. The meaning of
usacExtElementType is defined in Table 73
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usacExt|

usacExt|

usacExt|

usacExt|

numCon

Table 73 — Value of usacExtElementType

usacExtElementType Value
ID EXT ELE FILL 0
ID EXT ELE MPEGS 1
ID EXT ELE SAOC 2

/* reserved for ISO use */ 3-127

/[* reserved for use outside of ISO scope */

128 and higher

NOTE: Application-specific usacExtElementType values are mandated to be in the

sSpace reserved for use outside of ISO scope. These are skipped by a decoder as a
minimum of structure is required by the decoder to skip these extensions.

FlementConfigLength  signals the length of the extension configuration in bytes (octets):

FlementDefaultLengthPresent This flag signals whether a usacExtElementDefaultLength is
conveyed in the UsacExtElementConfig().

FlementDefaultLength  signals the default length of the extension element.in bytes. Only if the
extension element in a given access unit deviates{from this value, an
additional length needs to be transmitted in the bib stream. If this element is
not explicitly transmitted (usacExtElementDefaultLengthPresent==0) then the
value of usacExtElementDefaultLength shall*be set to zero.

FlementPayloadFrag This flag indicates whether the payload of this extension element may be
fragmented and send as several segments in consecutive USAC frames.

igExtensions If extensions to the configuration are present in the UsacConfig() this value
indicates the number of signaled configuration extensions.

confExtIIx Index to the configuration extensions.

usacCo

figExtType This element allows to signal configuration extension types. The meaning of
usacConfigxtType is defined in Table 74.

Table'\74'— Value of usacConfigExtType

usacConfigExtType

Value

ID_CONFIG_EXT _FILL

0

/* reserved for ISO use */

1-127

% reserved for use outside of ISO scope */

128 and higher

usacCo

bsPseudokr

figExtLength signals the length of the configuration extension in bytes (octets).

This flag signals that an inverse mid/side rotation should be applied to the

core sianal nrior to Mns?212 nrocessing
) 1 g 1 I~

58

Table 75 — bsPseudoLr

bsPseudoLr

Meaning

0 Core decoder output is DMX/RES

1 Core decoder output is Pseudo L/R

© ISO/IEC 2012 — All rights reserved


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

6.1.1.2

coreCoderFrameLength

bsStereoSbr

Helper Elements

ISO/IEC 23003-3:2012(E)

Frame length of core-coder, i.e. number of valid samples output by FD/LPD
core-decoder. coreCoderFramelLength is determined as outputFramelLength /

sbrRatio.

This flag signals the usage of the stereo SBR in combination with MPEG
Surround decoding.

Table 76—bsStereoSbr
bsStereoSbr Meaning
0 Mono SBR
1 Stereo SBR

hsResidualCoding

indicates whether residual coding is applied accerding to the Table b
The value of bsResidualCoding is defined bystereoConfigindex (se€

Table 72).

Table 77 — bsResidualCoding

bsResidualCoding

Meaning

0

no residual ceding, core coder is mono

1

residual coding, core coder is stereo

sbrRatiolndex

Blow.

indicates the ratiobetween the core sampling rate and the sampling rpte after

eSBR processing! At the same time it indicates the number of QMF a
and synthesis bands used in SBR according to the Table below.

Table’'78 — Definition of sbrRatiolndex

QMF band ratio

sbrRatiolndex sbrRatio . .
(analysis:synthesis)
0 no SBR -
1 4:1 16:64
2 8:3 24:64
3 21 32:64

dlemldx

Index to the elements present in the UsacDecoderConfig() and the
UsacFrame().

nalysis

6-1-2—UsacConfig)

The UsacConfig() contains information about output sampling frequency and channel configuration. This
information shall be identical to the information signaled outside of this element, e.g. in an MPEG-4

AudioSpecificConfig().

© ISO/IEC 2012 — All rights reserved
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6.1.3 Usac Output Sampling Frequency

If the sampling rate is not one of the rates listed in the right column in Table 79, the sampling frequency
dependent tables (code tables, scale factor band tables etc.) must be deduced in order for the bitstream
payload to be parsed. Since a given sampling frequency is associated with only one sampling frequency table,
and since maximum flexibility is desired in the range of possible sampling frequencies, the following table shall
be used to associate an explicitly signaled sampling frequency (i.e. via usacSamplingFrequencylndex) with
the desired sampling frequency dependent tables.

_- . .
.a'b'l'e—?9=San'rp'h11'g-frequem.y mappmyg

Frequency range (in Hz) Use tables for sampling frequency (in Hz)

f>= 92017 96000
92017 > f>=75132 88200
75132 > f >= 55426 64000
55426 > f >= 46009 48000
46009 > f >= 37566 44100
37566 > f>= 27713 32000
27713 > f >= 23004 24000
23004 > f>= 18783 22050
18783 > f >= 13856 16000
13856 > f >= 11502 12000
11502 > f >= 9391 11025
9391 > f 8000

6.1.4 UsacChannelConfig()

The chapnel configuration table covers most common loudspeaker positions. For further flexibility channe
can be mapped to an overall selection of 32 loudspeaker positions found in modern loudspeaker setups i
various gpplications (see Table 69)

= )

For each channel contained in the bitstream the-UsacChannelConfig() specifies the associated loudspeake
position fo which this particular channel shallkbe mapped. The loudspeaker positions which are indexed b
bsOutpuiChannelPos are listed in Table-69. In case of multiple channel elements the index i ¢
bsOutpuiChannelPosJi] indicates the pdsition in which the channel appears in the bitstream. Figure 2 gives a
overview over the loudspeaker positions'in relation to the listener.

e IR

More prgcisely the channels are numbered in the sequence in which they appear in the bitstream starting with
0 (zero)| In the trivial case ©fya UsacSingleChannelElement() or UsacLfeElement() the channel number is
assigned to that channel and the channel count is increased by one. In case of a UsacChannelPairElement()
the first phannel in that\element (with index ch==0) is numbered first, whereas the second channel in that
same elgment (with index ch==1) receives the next higher number and the channel count is increased by two

It followg that numOutChannels shall be equal to or smaller than the accumulated sum of all channels
containefl it the bitstream. The accumulated sum of all channels is equivalent to the number of 4l
UsacSingleEhannelElement()s plus the number of all UsacLfeElement()s plus two times the number of dlI
UsacChanmetPairEtement()s:

All entries in the array bsOutputChannelPos shall be mutually distinct in order to avoid double assignment of
loudspeaker positions in the bitstream.

In the special case that channelConfigurationindex is 0 and numOutChannels is smaller than the accumulated
sum of all channels contained in the bitstream, then the handling of the non-assigned channels is outside of
the scope of this specification. Information about this can e.g. be conveyed by appropriate means in higher
application layers or by specifically designed (private) extension payloads.
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6.1.5 UsacDecoderConfig()

The UsacDecoderConfig() contains all further information required by the decoder to interpret the bit stream.
Firstly the value of sbrRatiolndex determines the ratio between core coder frame length (ccfl) and the output
frame length. Following the sbrRatiolndex is a loop over all channel elements in the present bit stream. For
each iteration the type of element is signaled in usacElementType[], immediately followed by its corresponding
configuration structure. The order in which the various elements are present in the UsacDecoderConfig() shall
be identical to the order of the corresponding payload in the UsacFrame().

Each instance of an element can be configured independently. When reading each channel element in
sacFrame(), for each element the corresponding configuration of that instance, ie. with the same|elemldx,
all be used.

.1.6 UsacSingleChannelElementConfig()

he UsacSingleChannelElementConfig() contains all information needed for configuring the decoder to
ecode one single channel. SBR configuration data is only transmitted if SBR is actually employed.

.1.7 UsacChannelPairElementConfig()

he UsacChannelPairElementConfig() contains core coder related.‘eonfiguration data as well |Jas SBR
nfiguration data depending on the use of SBR. The exact type of stereo coding algorithm is indicatgd by the
ereoConfigindex. In USAC a channel pair can be encoded in various ways. These are:

gd) Stereo core coder pair using traditional joint stereo coding techniques, extended by the pospibility of
complex prediction in the MDCT domain

H) Mono core coder channel in combination with MPEG Surround based MPS212 for fully parametiic stereo
coding. Mono SBR processing is applied on the core signal.

d) Stereo core coder pair in combination with MPEG Surround based MPS212, where the first cqre coder
channel carries a downmix signal and the second channel carries a residual signal. The residugl may be
band limited to realize partial residual’ coding. Mono SBR processing is applied only on the downmix
signal before MPS212 processing.

d) Stereo core coder pair in combination with MPEG Surround based MPS212, where the first cqre coder
channel carries a downmix:signal and the second channel carries a residual signal. The residugl may be
band limited to realize~partial residual coding. Stereo SBR is applied on the reconstructed stergo signal
after MPS212 processing.

O

ption c) and d) can.be further combined with a pseudo LR channel rotation after the core decoder.

N

.1.8 UsacLfeElementConfig()

ince the use of the time warped MDCT and noise filling is not allowed for LFE channels, there is ng need to
ansmif the usual core coder flag for these tools. They shall be set to zero instead. Similarly the use ¢f SBR is
ot-allowed nor meaningful in an LFE context. Thus, SBR configuration data is not transmitted.

o Jl =20 ¢

6.1.9 UsacCoreConfig()
The UsacCoreConfig() only contains flags to en- or disable the use of the time warped MDCT and spectral

noise filling on a global bit stream level. If tw_mdct is set to zero, time warping shall not be applied. If
noiseFilling is set to zero the spectral noise filling shall not be applied.

6.1.10 SbrConfig()

The SbrConfig() bit stream element serves the purpose of signaling the exact eSBR setup parameters. On
one hand the SbrConfig() signals the general employment of eSBR tools. On the other hand it contains a
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default version of the SbrHeader(), the SbrDfltHeader(). The values of this default header shall be assumed if
no differing SbrHeader() is transmitted in the bit stream. The background of this mechanism is, that typically
only one set of SbrHeader() values are applied in one bit stream. The transmission of the SbrDfltHeader()
then allows to refer to this default set of values very efficiently by using only one bit in the bitstream. The
possibility to vary the values of the SbrHeader on the fly is still retained by allowing the in-band transmission
of a new SbrHeader in the bit stream itself.

6.1.11 SbrDfltHeader()

The Sbranpradnr() is what may he called the basic Qherder() template and should contain the values f
the predpminantly used eSBR configuration. In the bitstream this configuration can be referred to by settin
the sbrUseDfltHeader flag to 1. The structure of the SbrDfltHeader() is identical to that of SbrHeader()."|
order to pe able to distinguish between the values of the SbrDfltHeader() and SbrHeader(), the bit fields in th
SbrDfltHeader() are prefixed with "dflt_" instead of "bs_". If the use of the SbrDfltHeader() is indicated, the|
the SbrHeader() bit fields shall assume the values of the corresponding SbrDfltHeader(), i.e.

> D Q8 S

bs starfp freq = dflt start freq;
bs_stop| freq = dflt_stop freq;
etc.
(continpe for all elements in SbrHeader (), like:
bs xxx yyy = dflt xxx yyy;

6.1.12 Mps212Config()

The Mp$212Config() resembles the SpatialSpecificConfig() of MPEG Surround and was in large part
deduced| from that. It is however reduced in extent to contain only information relevant for mono to stere
upmixing in the USAC context. Consequently MPS212 configures.only one OTT box.

[O 7]

6.1.13 UsacExtElementConfig()

The UsacExtElementConfig() is a general container for-configuration data of extension elements for USAQ.
Each USAC extension has a unique type identifier;, usacExtElementType, which is defined in Table 73. Fq
each UsacExtElementConfig() the length of the contained extension configuration is transmitted in the variabl

=

[¢]

The UsacConfigExtension() is a general container for extensions of the UsacConfig(). It provides a convenient
way to amend or extend the information exchanged at the time of the decoder initialization or set-up. The
presence of config extensions is indicated by usacConfigExtensionPresent. If config extensions are present
(usacConfigExtensionPresent==1), the exact number of these extensions follows in the bit field
numConfigExtensions. Each configuration extension has a unique type identifier, usacConfigExtType, which is
defined in Table 74. For each UsacConfigExtension the length of the contained configuration extension is
transmitted in the variable usacConfigExtLength and allows the configuration bit stream parser to safely skip
over configuration extensions whose usacConfigExtType is unknown.
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6.2 USAC payload
6.2.1 Terms and definitions

6.2.1.1  Top level and subsidiary data elements

UsacFrame() This block of data contains audio data for a time period of one USAC frame,
related information and other data. As signaled in UsacDecoderConfig(), the
UsacFrame() contains numElements elements. These elements can contain
audio ddld, 101 Orie Or two Chiarnnels, audio data forfow requericy
enhancement or extension payload.

UsacSingleChannelElement() Abbreviation SCE. Syntactic element of the bitstream containing codgd data
for a single audio channel. A single_channel_element() basically consists of
the UsacCoreCoderData(), containing data for either FD o LPD core |coder. In
case SBR is active, the UsacSingleChannelElement-also contains SBR data.

UsacChannelPairElement() Abbreviation CPE. Syntactic element of the bitstream payload contairling data
for a pair of channels. The channel pair can be/achieved either by transmitting
two discrete channels or by one discrete channel and related Mps212
payload. This is signaled by means of tHe-stereoConfigindex. The

UsacChannelPairElement further contains SBR data in case SBR is gctive.

UsacLfeElement() Abbreviation LFE. Syntactic elemént that contains a low sampling frequency
enhancement channel. LFEs@realways encoded using the
fd_channel_stream() element.

UsacExtElement() Syntactic element that €ontains extension payload. The length of an gxtension
element is either sighaled as a default length in the configuration
(USACExtElement€onfig()) or signaled in the UsacExtElement() itself. If

present, the exteénsion payload is of type usacExtElementType, as signaled in
the configuration.

ysacindependencyFlag indicates"if the current UsacFrame() can be decoded entirely without the
knowledge of information from previous frames according to the Tabl¢ below

Table 80 — Meaning of usacindependencyFlag

value of

usacindependencyFlag Meaning

Decoding of data conveyed in UsacFrame()
0 might require access to the previous
UsacFrame().

Decoding of data conveyed in UsacFrame()
1 is possible without access to the previous
UsacFrame().

NOTE Please refer to B.3 for recommendations on the use of the
usaclndependencyFlag.

usacExtElementUseDefaultLength
indicates whether the length of the extension element corresponds to
usacExtElementDefaultLength, which was defined in the
UsacExtElementConfig().
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usacExtElementPayloadLength shall contain the length of the extension element in bytes. This value should
only be explicitly transmitted in the bitstream if the length of the extension
element in the present access unit deviates from the default value,
usacExtElementDefaultLength.

usacExtElementStart Indicates if the present usacExtElementSegmentData begins a data block.

usacExtElementStop Indicates if the present usacExtElementSegmentData ends a data block.

usacExtElementSegmentData

Ihe concatenation of all usacExtElementSegmentData from
UsacExtElement() of consecutive USAC frames, starting from the
UsacExtElement() with usacExtElementStart==1 up to and including the
UsacExtElement() with usacExtElementStop==1 forms one data bleck.“n
case a complete data block is contained in one UsacExtElement(),
usacExtElementStart and usacExtElementStop shall both be sét'to 1. The
data blocks are interpreted as a byte aligned extension payload depending on
usacExtElementType according to the following Table:

Table 81 — Interpretation of data blocks for USAC extension payload decoding

usacExtElementType The concatenated
usacExtElementSegmentData represents:

ID EXT ELE FIL Series of fill_byte

ID EXT ELE MPEGS SpatialFrame()
ID EXT ELE _SAOC SaocFrame()
unknown unknown data. The data block shall be
discarded.
fill_byte Octet of bits which may be used to pad the bit stream with bits that carry no

information. The exact bit pattern used for fill_byte should be 10100101".

UsacCoreCoderData() This block of\data contains the core-coder audio data. The payload element
contains data for one or two core-coder channels, for either FD or LPD mode
The specific mode is signaled per channel at the beginning of the element.

StereoCoreToollnfo() All'stereo related information is captured in this element. It deals with the
numerous dependencies of bits fields in the stereo coding modes.

Mps212[ata() This block of data contains payload for the Mps212 stereo module. The
presence of this data is dependent on the stereoConfigindex.

6.2.1.2 | HelperElements

nrCoreCpderChannels In the context of a channel pair element this variable indicates the number of
core coder channels which form the basis for stereo coding. Depending on the
vatue of stereoConfigindex this vatue stattbe tor2:

nrSbrChannels In the context of a channel pair element this variable indicates the number of
channels on which SBR processing is applied. Depending on the value of
stereoConfigindex this value shall be 1 or 2.

6.2.2 UsacFrame()

One UsacFrame() forms one access unit of the USAC bit stream. Each UsacFrame decodes into 768, 1024,
2048 or 4096 output samples according to the outputFrameLength determined from Table 70.
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The first bit in the UsacFrame() is the usaclndependencyFlag, which determines if a given frame can be
decoded without any knowledge of the previous frame. If the usaclndependencyFlag is set to 0, then
dependencies to the previous frame may be present in the payload of the current frame.

The UsacFrame() is further made up of one or more syntactic elements which shall appear in the bitstream in
the same order as their corresponding configuration elements in the UsacDecoderConfig(). The position of
each element in the series of all elements is indexed by elemldx. For each element the corresponding
configuration, as transmitted in the UsacDecoderConfig(), of that instance, ie. with the same elemldx, shall be
used.

Tlhese syntactic elements are of one of four types, which are listed in Table 71. The type of each|of these
dlements is determined by usacElementType. There may be multiple elements of the same type."[Elements
ccurring at the same position elemldx in different frames shall belong to the same stream.

@]

Table 82 — Examples of simple possible bit stream payloads

numElements elemldx | usacElementType[elemldx]
mono output signal 1 0 ID_USAC_SCE
stereo output signal 1 0 ID USAC CPE
0 ID_ USAC_SCE
. 1 ID_USAC_CPE
5.1 channel output signal 4 > ID_USAC_CPE
3 ID USAC LFE

If these bit stream payloads are to be transmitted over“a-constant rate channel then they might include an
xtension payload element with an usacExtElementType of ID_EXT_ELE_FILL to adjust the instantapeous bit
pte. In this case an example of a coded stereo signalkis:

- D

Table 83 — Example of simple stereo bit stream
with extension payload for writing fill bits

numElements elemldx | usacElementType[elemldx]

0 ID USAC CPE
ID_USAC_EXT
stereo output signal 2 with
usacExtElementType==
ID EXT ELE FILL

6.2.3 UsacSingleChannelElement()

he simple structure of the UsacSingleChannelElement() is made up of one instance of a
sacCoreCoderData() element with nrCoreCoderChannels set to 1. Depending on the sbrRatiolndéx of this
glement a UsacSbrData() element follows with nrSbrChannels set to 1 as well. T

c =

6.2.4 UsacExtElement()

UsacExtElement() structures in a bitstream can be decoded or skipped by a USAC decoder. Every extension
is identified by a usacExtElementType, conveyed in the UsacExtElement()'s associated
UsacExtElementConfig(). For each usacExtElementType a specific decoder can be present.

If a decoder for the extension is available to the USAC decoder then the payload of the extension is forwarded
to the extension decoder immediately after the UsacExtElement() has been parsed by the USAC decoder.
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If no decoder for the extension is available to the USAC decoder, a minimum of structure is provided within
the bitstream, so that the extension can be ignored by the USAC decoder.

The length of an extension element is either specified by a default length in octets, which can be signaled
within the corresponding UsacExtElementConfig() and which can be overruled in the UsacExtElement(), or by
an explicitly provided length information in the UsacExtElement(), which is either one or three octets long,
using the syntactic element escapedValue().

Extension payloads that span one or more UsacFrame()s can be fragmented and their payload be distributed
among several UsacFrame()s. In this case the usacExtElementPayloadFlag flag is set to 1 and a decoder

must col
UsacFra
consider

NOTE
should be)

NOTE

Each Us
more ex

knowledge of the previous frame (and the extension payload that may be contaired in it).

ect all fragments from the UsacFrame() with usacExtElementStart set to 1 up to and includingth
me() with usacExtElementStop set to 1. When usacExtElementStop is set to 1 then the extension
bd to be complete and is passed to the extension decoder.

Integrity protection for a fragmented extension payload is not provided by this specification and-6ther mean
used to ensure completeness of extension payloads.

All extension payload data is assumed to be byte-aligned.

HcExtElement() shall obey the requirements resulting from the use of the usacihdependencyFlag. P
licitly, if the usaclndependencyFlag is set (==1) the UsacExtElement() shall be decodable witho

e
S

t

6.2.5 UsacChannelPairElement()
6.2.5.1 | Terms and definitions
6.2.5.1.1 Data elements
common_max_sfb Signals the use of a gommon maximum scalefactor band for channels 0
and 1
Table 84 — common_max_sfb
common.max_sfb Meaning
0 max_sfb1 determines the maximum
scalefactor band for channel 1
set max_sfb1 for channel 1 to the same
1 maximum scalefactor band as for
channel 0
common_window indicates if channel 0 and channel 1 of a CPE use identical window
parameters.
common_tw indicates if channel 0 and channel 1 of a CPE use identical parameters fqr
T the time warped MDCT.
max_sfb1 Defines the number of scalefactor bands transmitted per group for channel 1.
6.2.5.1.2 Help elements
max_sfb_ste Maximum scalefactor bands transmitted for channels 0 and 1: max(max_sfb,
max_sfb1)
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6.2.5.2 Decoding Process

2012(E)

The stereoConfigindex, which is transmitted in the UsacChannelPairElementConfig(), determines the exact
type of stereo coding which is applied in the given CPE. Depending on this type of stereo coding either one or
two core coder channels are actually transmitted in the bit stream and the variable nrCoreCoderChannels
needs to be set accordingly. The syntax element UsacCoreCoderData() then provides the data for one or two
core coder channels.

Similarly the there may be data available for one or two channels depending on the type of stereo coding and
the use of eSBR (ie. if sbrRatiolndex>0). The value of nrSbrChannels needs to be set accordingly and the

S

F

D QO =h —

o —

(@]

yntax element UsacSbrData() provides the eSBR data for one or two channels.

inally Mps212Data() is transmitted depending on the value of stereoConfigindex.

.2.6 Low frequency enhancement (LFE) channel element, UsacLfeElement()
h order to maintain a regular structure in the decoder, the UsaclLfeElement())is’defined as a
i _channel_stream(0,0,0,0,x) element, i.e. it is equal to a UsacCoreCoderData() using the frequenc

oder. Thus, decoding can be done using the standard procedure for dec¢eding a UsacCoreCod
lement.

n order to accommodate a more bit rate and hardware efficient implementation of the LFE decoder,
everal restrictions apply to the options used for the encoding of this(element:

- The window_sequence field is always set to 0 (ONLY_L@NG_SEQUENCE)
—  Only the lowest 24 spectral coefficients of any LFE may be non-zero

— No Temporal Noise Shaping is used, i.e. tns_data _present is setto 0

— Time warping is not active

— No noise filling is applied

.2.7 UsacCoreCoderData()

.2.71 Terms and definitions

Table 85 — Definition of core_mode

value of core_mode Meaning
0 FD core coder mode
1 LPD core coder mode

ore_mode[ch] Indicates the core coding mode of the current frame for each channe|.

standard
domain
erData()-

nowever,

6.2.7.2 Decoding Process

The UsacCoreCoderData() contains all information for decoding one or two core coder channels.

The order of decoding is:

— get the core_mode[] for each channel
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in case of two core coded channels (nrChannels==2), parse the StereoCoreToollnfo() and determine all

stereo related parameters

depending on the signaled core_modes transmit an Ipd_channel_stream() or an fd_channel_stream() for

each channel.

As can be seen from the above list, the decoding of one core coder channel (nrChannels==1) results in
obtaining the core_mode bit followed by one Ipd_channel_stream or fd_channel_stream, depending on the
core_mode.

In the tW
particula

6.2.8 StereoCoreToolinfo()

The StefeoCoreToollnfo() allows to efficiently code parameters, whose values may be shared across cor

coder ch
following

>

o core coder channel case, some signaling redundancies between channels can be exploited) i
[ if the core_mode of both channels is 0. See 6.2.8 for details

D D

annels of a CPE in case both channels are coded in FD mode (core_mode[0,1]=£0)- In particular th
data elements are shared, when the appropriate flag in the bit stream is set to(1.

Table 86 — Bit stream elements shared across channels of a core-coder channel pair

common_xxx flag is set to 1 channels 0 and 1 share the following elements:
common_window ics_info()
dommon_window && common_max_sfb max_sfb
common_tw tw_data()
common_tns tns_data()

If the af
channel
StereoC

In case
coding a

6.2.9 fd_channel_stream() and i¢s) info()

=

propriate flag is not set then the data elements are transmitted individually for each core codg
pither in StereoCoreToollnfo() (max_sfb, max, sfb1) or in the fd_channel_stream() which follows th
breToollnfo() in the the UsacCoreCoderData() element.

[0

of common_window==1 the StereoCoreToollnfo() also contains the information about M/S sterep
hd complex prediction data in the MDCT domain (see 7.7).

6.2.9.1 | Terms and definitions
6.2.9.1.1| Data elements
fd_channel_stream() contains data necessary to decode one frequency domain channel
fac_datg_present Flag which indicates the presence of the fac_data() syntax element in the
bitstream, as used for transitions between two different core coding modes
(1 PD core codinamaoadae ED core-codina maoda)
=1 = HET O EIIg T, T T g 1T~
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value of
fac_data_present

Meaning

fac_data() data element as used for transitions
0 between two different core coding modes not
present in current frame

fac_data() data element as used for transitions
1 between two different core coding modes present

¢s_info()

<

yindow_sequence

T CuTTent fldllle

contains side information necessary to decode an fd_channel_strear() for

SCE and CPE elements. The fd_channel_streams of a
UsacChannelPairElement() may share one common ics info. If

common_max_sfb == 0, max_sfb1 determines the-maximum scalefactor

band per group for channel 1 instead of max_sfb inl ics_info().

Table 88 — Window Sequences and Transform windows
dependent of coreCoderFramelength (ccfl)

indicates the sequence of windows as defineddn Table 88.

Value Window #coeffs Window Shape (schematic)
0 ONLY_LONG_SEQUENCE Al
= LONG_WINDOW ‘
1 LONG_START SEQUENGE |
= LONG_START_WINDOW ‘
EIGHT _SHORT\SEQUENCE . |
2 = 8 * SHORT WINDOW 8%(ccil/8)
3 LONG) STOP_SEQUENCE | |
£ ONG_STOP_WINDOW ‘
1 STOP_START_SEQUENCE a |
= STOP_START_WINDOW ce |
NOTE Dashed lines indicate window shape when the adjacent window sequence is LPD_SEQUENCE

window_shape

max_sfb

scale_factor_grouping

A 1 bit field that determines what window is used for the right hand part of this
analysis window

number of scalefactor bands per group. If common_window == 1, max_sfb
refers to channel 0 and max_sfb1 is the maximum scalefactor band for

channel 1.

© ISO/IEC 2012 — All rights reserved

a bit field that contains information about grouping of short spectral data

69


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

fac_data() Syntax element which contains all data for the forward aliasing cancellation
(FAC) tool, which is operated at transitions between ACELP and transform
coder.

6.2.9.1.2 Help elements

For the purpose of this clause, the definition of help elements given in ISO/IEC 14496-3:2009, 4.5.2.3.1.2, and
the following apply:

Ig Number of quantized specitral coefficients output by the arithmetic decoder

last_Ipd |mode see definition of last_Ipd_mode in 6.2.10.2.
6.2.9.2 | Decoding process

6.2.9.2.1 Decoding an fd_channel_stream (FCS)

In the fd | channel_stream, the order of decoding is:

— Getglobal_gain

— Get poise filling, if present

— Getjcs_info (parse bitstream payload if common information is nof\present)

~

— Gettw_data(parse bitstream payload if common information.is'not present), if the time-warped filterban
tool s active

— Getpcale_factor_data, if present
— Getfns_data, if present
— Getpc_spectral_data, if present

The progess of recovering tns_data is described in ISO/IEC 14496-3:2009, 4.6.9. An overview of how tp
decode its_info, scalefactor_data, and-ac_spectral_data will be in the following paragraphs.

6.2.9.2.21 Recovering ics_info()

For Usa¢SingleChannelElemeént()’s ics_info is located after the global_gain and optional noiseFilling data i
the fd_channel_stream.<ar“a channel pair element there are two possible locations for the ics_info.

=)

In case ¢f UsacChannelPairElement() if the common_window flag is set to 1 both channels share the sam
ics_info() (i.e. bothvhave same window_sequence, same window_shape, same scale_factor_grouping, sam
max_sfb|etc,).\An exception to this occurs when common_max_sfb == 0. In this case max_sfb1 determine
the maximum-+scalefactor band per group for channel 1. Otherwise (i.e. common_window is set to 0) there

an ics infoafterthe global gain-and optional noisefilling-datafor each-of the two fd channel stream{ls
__INFoaHe—+he-gtobai—gaHi-ahRa-0pHoRa-hoiseHihRg-aata10-836R-01He-\WoHa—CcRaRABI—SHe i )S-

o »w O O

The ics_info() carries the window information associated with an FCS and thus permits channels in a
channel_pair to switch separately if desired. The variable max_sfb_ste determines the number of ms_used]]
bits that must be transmitted. If the window sequence is EIGHT_SHORT_SEQUENCE then
scale_factor_grouping is transmitted. If a set of short windows form a group then they share scalefactors as
well as M/S information. The first short window is always a new group so no grouping bit is transmitted.
Subsequent short windows are in the same group if the associated grouping bit is 1. A new group is started if
the associated grouping bit is 0. It is assumed that grouped short windows have similar signal statistics.
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Since there is no section_data() in the bitstream a standard sectioning has to be defined to ensure correct

scalefactor decoding as describes in Table 4.53 in ISO/IEC 14496-3:2009, Subpart 4:

section_data() {
for (g =0 ; g < num window _groups; g++ ) {
k=0;
for (( k = 0 ; k < max_sfb ; k++ ) {
sfb _cblg] [k] = 11;
)

or channel 1, max_sfb is set equal to max_sfb1 if common_window == 1. For each scalefacto
calefactor is transmitted. global_gain, the first data element in an fd_channel_stream(),-equals the
ne first scalefactor in that fd_channel_stream(). All scalefactors following the first scalefactor are trg
sing Huffman coded DPCM relative to the previous scalefactor. The DPCM value of the first sq
elative to the global_gain) always represents zero and is thus not transmitted., The actual decodi
cale factors remains identical to the description in ISO/IEC 14496-3. Once the scalefactors are dec
ctual values are found via a power function.

Q -~ C £ T

o))

.2.9.2.4 ac_spectral_data() parsing and decoding

he value Ig of quantized spectral coefficients is needed for{parsing the spectral data syntax elg
I _channelffeh_stream() Ig is determined by max_sfb according to the following formula:

= —]

{swb_offset_short_window[max_sfb], in case of EIGHT_SHORT_SEQUENCE

swb_offset_long_window[max_sfb], otherwise
Hor further details on parsing and decoding of.ac_spectral_data(), please refer to 7.4.

6.2.9.3 Windows and window sequences

Duantization and coding is done in the frequency domain. For this purpose, the time signal is mappe
equency domain in the encodér, The decoder performs the inverse mapping as described in 7.9. D
n the signal, the coder may“change the time/frequency resolution by using two different windows
ze 2*coreCoderFrameLength and 2*coreCoderFramelLength/8. To switch between windows, the
indows LONG_START_WINDOW, LONG_STOP_WINDOW, and STOP_START_WINDQC
sed. Table 88 lists.the windows, specifies the corresponding transform length and shows the sha
indows schematically. Two transform lengths are used: coreCoderFramelLength (referred to
ansform) and.CereCoderFramelLength/8 (referred to as short transform).

oS C < 00 0O hM

Vindow sequences are composed of windows in a way that a raw_data_block always contz
bpresenting coreCoderFramelength output samples. The data element window_sequence indig
indow sequence that is actually used. Table 88 lists how the window sequences are composed of i
indows. Refer to 7.9 for more detailed information about the transform and the windows.

s < 0 <

r band a
value of
nsmitted
alefactor
ng of the
bded, the

ment. In

1 into the
bpending
sizes of
ransition
W are
be of the
as long

ins data
ates the
ndividual

6.2.9.4 Scalefactor bands and grouping

See ISO/IEC 14496-3:2009, 4.5.2.3.4.

As explain in ISO/IEC 14496-3:2009, 4.5.2.3.4, the width of the scalefactor bands is built in imitation of the
critical bands of the human auditory system. For that reason the number of scalefactor bands in a spectrum

and their width depend on the transform length and the sampling frequency. Table 4.129 to Table

4.147, in

ISO/IEC 14496-3:2009, 4.5.4, list the offset to the beginning of each scalefactor band on the transform lengths

1024 (960) and 128 (120) and on the sampling frequencies.
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For a transform length of 768 samples, the scale factor bands at 4/ 3 - samplingfrequency are used. In case
a shorter transform length (dependent on coreCoderFramelLength) is used, swb_offset_long_window and

swb_offs

et_short_window are limited to the size of the transform length, and num_swb_long_window and

num_swb_short_window is determined according to the following pseudo code:

for (swb=0; swb<num swb long window+1l; swb++) {
if (swb_offset long window[swb] > coreCoderFrameLength) {

swb_offset long window[swb] = coreCoderFrameLength;
break;
}
}
num_swb| long window = swb;
for (swp=0; swb<num swb_ short window+1l; swb++) {
if (spb_offset short window[swb] > coreCoderFrameLength/8) {
swb| offset_short_window[swb] = coreCoderFrameLength/8;
brepk;
}
}
num_swb| short_window = swb;
The tables originally designed for LONG_WINDOW, LONG_START_WINDOW &and‘'LONG_STOP_WINDOW

are used

6.2.10 Ipd_channel_stream()

6.2.10.1

The Ipd]
“linear p
coded in
is then r
coded e

to four sinaller units of equal size, each of which is*‘¢oded either with ACELP or TCX coding scheme.

This pro
backgrol
signifies
i.e. core
“subfram
into threg

also for STOP_START_WINDOW.

General

| channel_stream() bitstream element contains all necessary information to decode one frame of
ediction domain” coded signal. It contains the payload for one frame of encoded signal which was
the LPC-domain, i.e. including an LPC filtering step. The residual of this filter (so-called “excitation])
bpresented either with the help of an ACELP: module or in the MDCT transform domain (“transform
citation”, TCX). To allow close adaptation o the signal characteristics, one frame is broken down in

Cess is similar to the coding scheme~described in 3GPP TS 26.290 [10], which is recommended fq
nd reading. Inherited from this document is a slightly different terminology, where one “superframe
a signal segment of coreCoderFramelLength samples, whereas a “frame” is exactly one fourth of that
CoderFramelLength/4 samples. Each one of these frames is further subdivided into three or foul
es” of equal length. In_case of a coreCoderFramelLength of 768 samples, each frame is subdivide
e subframes. For every other coreCoderFramelLength, each frame is subdivided into four subframes.

=

onm—

Please npte that this subchapter adopts this terminology.

6.2.10.2| Terms and.definitions

acelp_core_mode This bitfield indicates the exact bit allocation scheme in case ACELP is used
as a Ipd coding mode.

Ipd_mode The bit-field Ind maode defines the cading modes for each of the four frames
within one superframe of the Ipd_channel_stream() (corresponds to one
USAC frame). The coding modes are stored in the array mod[] and can take
values from 0 to 3. The mapping from Ipd_mode to mod[] can be determined
from Table 89 below.
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Table 89 — Mapping of coding modes for Ipd_channel_stream()

meaning of bits in bit-field Ipd_mode mr:(;?]a;r:‘ltr; iges
Ipd_mode bit 4 bit 3 bit 2 bit 1 bit 0

0..15 0 mod|[3] mod|[2] mod[1] mod[0]
16..19 1 0 0 mod[3] mod[2] mod[1]=2
mod[0]=2
20.23 T U T mod[T] mMod[0] mod[3]=2
mod[2]=2
24 1 1 0 0 0 mod[3]=2
mod[2]=2
maod[1]=2
mod[0]=2
25 1 1 0 0 1 mod[3]=3
mod[2]=3
mod[1]=3
mod[0]=3
26..31 reserved

kpf_control_info Bass-post filter control information,which defines if bass-post filtering (low

frequency enhancement) is endbled or disabled (see 7.17 and Table P0)

Table 90 — Bass-post filter modes

value of

bpf_control_.info Bass-post filter operation

0 Bass-post filter disabled
1 Bass-post filter enabled
gore_mode_last Indieates the core coding mode of the previous frame. This value can|also be

determined from the history of the bitstream element core_mode.

Table 91 — Definition of core_mode_last

value of

Meanin
core_mode_last 9

FD core coder mode

0 used in previous frame
1 LPD core coder mode
used in previous frame
mod[0..3] The values in the array mod[] indicate the respective coding modes in each

frame:
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Table 92 — Coding modes indicated by mod][]

value of . . bitstream
coding mode in frame
mod|x] element
0 ACELP acelp_coding()
1 short TCX (ccfl/4) tcx_coding()
2 medium TCX (ccfl/2) tcx_coding()
3 longTCX (ccfl) tcx_coding()

acelp_cdding()

tex_coding()

first_tcx [flag

arith_reset_flag

Ipc_data()

first_lpd |flag

last_Ipd_|mode

short fac flag  Flag which indicates the length of the FAC transform fac_length for transition:

74

Syntax element which contains all data to decode one frame of ACELP
excitation.

Syntax element which contains all data to decode one frame of MDCT based
transform coded excitation (TCX).

Flag which indicates if the current processed TCX frame is the first in the
superframe.

see 6.2.11.2.

Syntax element which contains all data to decode all LPC filter parameter sets
required to decode the current superframe.

Flag which indicates whether the currént’superframe is the first of a sequencg
of superframes which are coded in"kPC domain. This flag can also be
determined from the history of the bitstream element core_mode
(core_mode0 and core_mode1in case of a UsacChannelPairElement)
according to Table 93.

Table'93 — Definition of first_lpd_flag

core_mode core_mode
of previous frame of current frame first_lpd_flag
(superframe) (superframe)
0 1 1
1 1 0

Indicates the value of mod[x] of the previously decoded ACELP frame or TCX
frame respectively (see Table 31) for the currently considered channel. At theg
beginning of the decoding process the value of this variable is assumed to beg
initialized to last_Ipd_mode=—1. The variable is assumed to have a "static"
characteristic, meaning that it carries over its value to the next frame after
decoding of the current frame is finished.

o7

between two different core coding modes.

Table 94 — Definition of short_fac_flag

value of fac_length
short_fac_flag
0 coreCoderFramelLength/8
1 coreCoderFramelLength/16
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6.2.10.3 Decoding Process

6.2.10.3.1 Decoding an Ipd_channel_stream

In the Ipd_channel_stream the order of decoding is:

— Get acelp_core_mode

— Get Ipd_mode and determine from it the content of the helper variable mod]]
J— — oyt . I — - |[1

—  Get Ipc_data

C

ecoding of acelp_coding is described in 7.14.

Decoding of tcx_coding is described in 7.15.

C

ecoding of Ipc_data is described in 7.13.

6.2.10.3.2 ACELP/TCX coding mode combinations

Tlhere are 26 allowed combinations of ACELP or TCX within ongisuperframe of an Ipd_channgl_stream
payload. One of these 26 mode combinations is signaled in the hitstream element Ipd_mode. The mapping of
Ipd_mode to actual coding modes of each frame in a subframe s shown in Table 89 and Table 92.
6.2.11 Spectral noiseless coder
6.2.11.1 General
Spectral coefficients from both the “linear prediction-domain” coded signal and the “frequency-domain” coded
signal are scalar quantized and then noiselessly coded by an adaptive context dependent arithmefic coder.
The quantized coefficients are gathered“together in 2-tuples before being transmitted from thg lowest-
frequency to the highest-frequency. Each-2-tuple is split into the sign s, the concatenated 2 most signijficant bit
planes m, and the remaining least significant bit-planes r. The value m is coded according to a context, which
i$ defined by the neighboring spectral coefficients. The remaining least significant bit-planes r arg entropy
goded one by one with the context that is determined by the significance of the upper bit planes. Sighificance
hHere means the information Wwhether the upper bit planes decoded so far are zero or not. By means of m and r
the amplitude of the speciral coefficients can be reconstructed on the decoder-side. For all non-null| symbols
the signs s are coded.outside the arithmetic coder using 1 bit per sign.
Detailed arithmetic decoding procedure is described in the 7.4.3
6.2.11.2 _Terms and definitions
6.2.11.2:1 Data elements

rith datal) NAata alamant to dacoda tha cnactral noicalace cadar data

rith—datal Data-elemeni-to-decode-the-spesctral-noiseless-coderdata
arith_reset_flag Flag which indicates if the spectral noiseless context must be reset.
acod _m[pki][m] Arithmetic codeword necessary for decoding of the 2 most significant bit

planes m of the quantized spectral coefficients of a 2-tuple.
acod_r[lsbidx][r] Arithmetic codeword necessary for decoding of the remaining least significant
bit-planes r of the quantized spectral coefficient of a 2-tuple.

s The coded sign of the non-null spectral quantized coefficient.
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6.2.11.2.2 Helper elements

a,b 2-tuple corresponding to quantized spectral coefficients.

m The concatenated 2 most significant bit planes of the 2-tuple to decode.
r One of the least significant bit planes of the 2-tuple to decode.

Ig Number of quantized coefficients to decode.

N Window Tength. For FD mode 1t Is deduced from the window_sequence

(see 7.9.3.1) and for TCX N=2*Ig.
i Index of 2-tuples to decode within the frame.

pki Index of the cumulative frequencies table used by the arithmetic decoder for
decoding m, where 0<=pki<=63.

arith_gef pk () Function that returns the index pki of cumulative frequencijes table necessary
to decode the codeword acod _m[pki][m].

c State of context

Isbidx Index to the cumulative frequencies tables used by the arithmetic decoder for
decoding r, where 0<=Isbidx<=2.

lev Number of least significant bit-planes to decode.

ARITH_ESCAPE Escape symbol that indicates additional bit-planes to decode beyond the two
most significant bit planes. ARITH_ESCAPE has the value 16.

esc_nb Number of ARITH_ESEAPE symbol already decoded for the present 2-tuple.
The value is bounded to 7.

NOTE esc_nb-jis equal to lev, but limited to a maximum value of 7, i.¢.
esc_nb = min(lev,7).

x_ac_def]] Element-holding the decoded spectral coefficients.

arith_map_context() Initializes the contexts needed for decoding the present frame.
arith_gefl context() Computes the context state for decoding the present 2-tuple m symbols.
arith_update_context() Updates the context for the next 2-tuple.

arith_finish () Finish the noiseless decoding.

6.2.12 Hnhanced SBR

6.2.12.1 General
The description of the bitstream elements for the SBR payload can be found in ISO/IEC 14496-3:2009, 4.5.2.8.

Deviations from these bitstream elements are listed below:

6.2.12.2 Terms and definitions

bs_xover_band Index to master frequency table. The index is coded with 4 bits allowing the
xover band to be variable over a range of 0-15 bands.
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This block of data contains payload for the SBR bandwidth extension for one

or two channels. The presence of this data is dependent on the

sbrRatiolndex.

This element contains SBR control parameters which do not require a
decoder reset when changed.

This element contains SBR header data with SBR configuration parameters,
that typically do not change over the duration of a bit stream.

spr_single_channel_element()
sbr_channel_pair_element()
sbr_grid()

hs_num_env

hs_sbr_preprocessing

hks_header_extra3

Hs_pvc_mode

ks_var/len

Syntactic element that contains data for an SBR single channel elemént.

Syntactic element that contains data for an SBR channel pair glement.

Syntactic element that contains the time frequency grid.

Indicates the number of SBR envelopes in the current:SBR frame. For USAC

a maximum of 8 envelopes are allowed in a class FIXFIX frame.

Signals the use of the additional preprocessing during HF generation

according to:

Table 95 — bs_sbhr,'preprocessing

bs_sbr_preprocessing

Meaning

0

No pre-processing

1

as outline

Application of HF pre-processing as
part of the MPEG-4 SBR HF generatio

din7.5.2.2

=

Indicates if Optional header part3 is present.

Indicates PVC mode according to:

Table 96 — bs_pvc_mode

bs_pvc_mode

Meaning

no PVC data present

PVC mode 1

PVC mode 2

0
1
2
3

reserved

Indicates the position of the trailing variable border according to:

© ISO/IEC 2012 — All rights reserved

Table 97 — bs_var_len

Length ?:;)‘(’:;EI;E—;:; bs_var_len
1 0x0 0
3 0x4 1
3 0x5 2
3 0x6 3
3 0x7 reserved
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bs_noise_position Indicates the time slot border for noise floors. A value of zero means that
there is one noise floor in the current SBR frame.

bs_sinusoidal_position_flag Indicates if bs_sinusoidal_position is present.

bs_sinusoidal_position Indicates the position of the starting time slot for sinusoidals. A value of 31
means that there is no sinusoid starting in the current SBR frame.

divMode Indicates the coding mode of the prediction coefficient matrix indices, pvcID.

nsMode Indicates the ime-smoothing mode. The number of ume SIots for time-
smoothing of Esg(ksg,t), ns is derived from bs_pvc_mode and nsMode

according to:

Table 98 — nsMode

bs_pvc_mode nsMode ns
0 16
! 1 4
0 12
2 1 3
reuse_pjclD Indicates if pvcID of the last time slebinvthe previous SBR frame is reused

according to:

Table 99.~~reuse_pvcID

reuse_pvclD Meaning
0 pvcID[0] is unpacked from bitstream
1 pvclD[0] is copied from pvcID[-1]
pvciD Indicates the prediction coefficient matrix index, pvcID . The pvcID[-1]

denotes pvclID of the last time slot in the previous SBR frame.

length Indicates the number of time slots in which the same prediction coefficient
matrix index, pvclD is used.

7

grid_inf Indicates if pvcID of previous time slot is reused according to:

Table 100 — grid_info

grid_info Meaning

pvclD[K] is copied from pvclD[k-1]
1 pvclD[K] is unpacked from bitstream

6.2.12.3 SBR payload for USAC
In USAC the SBR payload is transmitted in UsacSbrData(), which is an integral part of each single channel

element or channel pair element. UsacSbrData() follows immediately after UsacCoreCoderData(). There is no
SBR payload for LFE channels.
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6.2.13 Definition of MPEG Surround 2-1-2 payloads

6.2.13.1 General

2012(E)

The basic bit stream syntax shall be based on ISO/IEC 23003-1:2007, 5.2. Any modifications and
amendments to the existing bit stream syntax are listed below:

6.2.13.2 Terms and definitions

to

sHighRateMode

hsPhaseCoding

khsOttBandsPhasePresent

hsOttBandsPhase

s TermoSapeConfi e . teof | HSTROrGES e

TSD in the decoder according to:

Table 101 — bsTempShapeConfig

bsTempShapeConfig Meaning
0 do not apply temporal,shaping
1 apply/STP
2 appiyGES
3 apply TSD

indicates operation mode of Mps242Data() according to:

Table 102 — bsHighRateMode

bsHighRateMode bit rate mode
0 LOW
1 HIGH

indicates whether IPD coding is applied in Mps212Config() according

Table 103 — bsPhaseCoding

bsPhaseCoding Meaning
0 no IPD data present
1 IPD data present

indicates whether the number of IPD parameter bands is initialized {

values using Table 104 or transmitted explicitly by bsOttBandsPhase.

defines the number of IPD parameter bands. If bsOttBandsPhasePre

tion of

—

O:

o default

sent==0,

the value of bsOttBandsPhase is ta be initialized according to:
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Table 104 — Default value of bsOttBandsPhase

bsResidualBands
numSlot$

bsPhaseMode

bsOPDSmoothingMode

bsTsdEnable

numTempShapeChan

bsTsdNumTrSlots

numBands bsOttBandsPhase
4 2
5 2
7 3
10 5
14 7
20 10
28 10

defines the number of MPS parameter bands where residual coding.is‘Used.
The number of time slots in an Mps212Data frame.

indicates whether IPD parameters are available for the current Mps212Data

frame.

indicates whether smoothing is applied to OPD parameters.

indicates that TSD is enabled in a frame.

indicates the number of channels on which a temporal shaping tool is
applied. This value is 2 in the USAC ¢€ontext.

defines the number of TSD, transients slots in a frame according to:
number_of TSD _transient_slots = bsTsdNumTrSlots + 1.

nBitsTrS|ots is defined according to:
Table 105 — nBitsTrSlots depending on MPS frame length
numSlots nBitsTrSlots
32 4
64 5
bsTsdCodedPos variable length code word containing position data for TSD transient slots.
bsTsdTriPhaseData phase data for the transient steering of TSD according to:
Table 106 — phase data for TSD
Index 0 1 2 3 4 5 6 7
TSD i i 3n St 3n Tn
phase 0 — - — T - - —
value 4 2 4 4 2 4
numQuantStepsXXX is defined according to:
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Table 107 — numQuantStepsXXX depending on dataType

XXX numQuantStepsXXX | numQuantStepsXXX
(dataType) Coarse Fine
CLD 15 31
ICC 4 8
IPD 8 16
HcodlCaviax One-dimensional Huifman code (ISO/IEC Z3003-1:2007, Table A-Z4] used

for coding of the Lavldx data. This determines the largest absolute vglue in
one or two data sets coded with two-dimensional Huffman codés)accprding to
Table 108.

Table 108 — lavTabXXX

Lavidx lavTabCLD lavTablCC lavTabCPGC) JavTabIPD[
[Lavidx] [Lavidx] [Lavidx] Lavidx]

0 3 1 3 7
1 5 3 6 1
2 7 5 9 3
3 9 7 12 5

6.2.14 Buffer requirements

I{ USAC is employed by means of MPEG-4 audio object type 42 the buffer requirements for the USAC codec
re the same as stated in ISO/IEC 14496-3:2009,44.5.3. In the USAC context the Number of Cqnsidered
hannels (NCC) is equal to once the number of SCEs plus two times the number of CPEs.

OQ

Hurthermore, unless explicitly specified differently, the buffer requirements for the USAC codec are the same
s stated in ISO/IEC 14496-3:2009, 4.5.3.

Q

71 Tool Descriptions
7.1 Quantization

7.1.1 Tool description

-

or quantizatign.of the FD core spectral coefficients in the encoder a non uniform quantizer is used. Therefore
ne decoder must perform the inverse non uniform quantization after the Huffman decoding of the scalefactors
(pee 7.3)-and the noiseless decoding of the spectral data (see 7.1).

—

Hor.the' quantization of the TCX spectral coefficients, a uniform quantizer is used. No inverse quant’zation is
eeded at the decoder after the noiseless decoding of the spectral data.

=

7.1.2 Terms and definitions
Help elements:

x_ac_quant[g][win][sfb][bin] quantized FD spectral coefficient for group g, window win, scalefactor band
sfb, coefficient bin.

x_ac_invquant[g][win][sfb][bin] FD spectral coefficient for group g, window win, scalefactor band sfb,
coefficient bin after inverse quantization.
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x_tex_invquant[win][bin] TCX spectral coefficient for window win, and coefficient bin after noiseless

decoding of the spectral data

7.1.3 Decoding process

The inverse quantization of the FD spectral coefficients is described by the following formula:

X a

4
c_invquant = Sign(x_ac_quant)- |x_ac_quant|3

The inve

for (g
for

For chan
7.2 Nc

7.21 T
In low bif

— Coa
inve
spe(
By 1
very

— If th
thes

the
com

722 T

7.2.2.1

Fse quantization is applied as follows:

= 0; g < num _window groups; g++) {

(sfb = 0; sfb < max sfb; sfb++) {

bidth = (swb_offset [sfb+1] - swb_offset [sfb]);
or (win = 0; win < window group len[gl; win++) {

for (bin = 0; bin < width; bin++) {
x_ac_invquant [g] [win] [sfb] [bin] =
he quant [g] [win] [sfb] [bin]) *abs (x_ac_quant [g] [win] [sfb] [bin]) *(4/3);

nel 1, max_sfb is set equal to max_sfb1 if common_window ==4.
ise Filling

ool description

rate coding noise filling can be used for two purposes:

=

rse quantization of spectral values in low bit rate audio coding might lead to very sparse spectra afte
Fse quantization, as many spectral lines might have been quantized to zero. The sparse populate
tra will result in the decoded signal sounding sharp or instable (birdies).
eplacing the zeroed lines with “small” values in the decoder it is possible to mask or reduce theses
obvious artefacts without adding obvious new noise artefacts.

[oN

=h

bre are noiselike signal parts in the original spectrum, a perceptually equivalent representation g
e noisy signal parts can/be reproduced in the decoder based on only few parametric information lik
energy of the noisy-signal part. The parametric information can be transmitted with fewer bif
pared to the number of bits needed to transmit the coded waveform.

» O

erms and-definitions

Data Elements

noise_o

. ditioTatoff " et e . .

noise_level integer representing the quantization noise to be added for every spectral line

7.2.2.2

quantized to zero.

Help Elements

x_ac_invquant[g][win][sfb][bin] FD spectral coefficient for group g, window win, scalefactor band sfb,

noiseFilli

82

coefficient bin after inverse quantization.

ngStartOffset[win] a general offset or noise filling start frequency depending on
coreCoderFrameLength (ccfl) and window_sequence according to Table 109.
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Table 109 — Value of noiseFillingStartOffset[] as a function of
window_sequence and coreCoderFrameLength

coreCoderFrameLength window_sequence == other
EIGHT_SHORT_SEQUENCE | window_sequence
768 15 120
other 20 160
noisevat The absotute oise Vatue that Teptacesevery bimquantizedto zero:
randomSign() Function which returns a (pseudo) random sign. The function is(defined in

O

and_quantized_to_zero

7.2.3 Decoding Process

}
}

else {

}

Noise Filling Process
iff (noise level != 0) ({
noiseval = pow(2, (noise level-14)/3) ;
noise_offset = noise offset - 16;
}
dlse {
noiseval = 0;
noise_offset = 0;
}
flor (g = 0; g < num window_groups; g++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
band quantized to zero = 1;
width = (swb_offset [sfb+1l] - swbloffset [sfb]);
if (swb_offset [sfb] >= noiseFillingStartOffset)
for (win = 0; win < windew. group lenl[g]; win++) {
for (bin = 0; bin <\width; bin++) {
if (x_ac_invquaht(g] [win] [sfb] [bin] == 0) {
x_ac_invguant [g] [win] [sfb] [bin] = randomSign () *noiseVal;
else {

band ‘guantized to zero = 0;

band\quantized to zero = 0;

ifband guantized to zero ) {
scf [g] [sfb] = scflgl] [sfb] + noise offset;

7.24.

flag to signal whether a sfb is completely quantized to zero!

For channel 1, max_sfb is set equal to max_sfb1 if common_window == 1.

7.2.4 Generation of random signs for spectral noise filling

The random signs for the purpose of noise filling shall be produced according to the following pseudo code:

float randomSign (unsigned int *seed)

{

float sign = 0.f;

*seed = ((*seed) * 69069) + 5;

© ISO/IEC 2012 — All rights reserved
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if ( ((*seed) & 0x10000) > 0) f{
sign = -1.f;

} else {
sign = +1.f;

return sign;

}

The variable seed represents the "internal state" of the random sign generator. The seed shall be a 32 bit
value. It is updated on every call to the function. For channel pair elements two seeds shall be employed, one

for each
process
element.

7.3 Sa
For deta

For scalg
7.4 Sp

741 T
Spectral

The spe
adapted

coefficients are combined. Each 2-tuple {a,b} is split into the sign, the 2 most significant bit planes, and the

remainin
m uses

Neighbo
frequend

the seed. shall be initialized to 0x3039 for the left channel of.a channel pair and for a single chahng

The seed of the right channel of a channel pair shall be initialized to 0x10932.
alefactors
Is on decoding of scale factor data, please refer to ISO/IEC 14496-3:2009, 4.6.2 and-4'6.3.

factor band tables please refer to ISO/IEC 14496-3:2009, 4.5.4, Table 4.129.t0.Table 4.147.
ectral Noiseless coding

ool description
noiseless coding is used to further reduce the redundancy of the quantized spectrum.

ctral noiseless coding scheme is based on an arithmeétic coder in conjunction with a dynamically
context. The spectral noiseless coding scheme is baséd on 2-tuples, that is two neighboring spectral

j least significant bit planes. The noiseless coding for the concatenated 2 most significant bit plane
context dependent cumulative frequencies_tables derived from four previously decoded 2-tupleg
hood in both, time and frequency is taken, into account, as illustrated in Figure 3. The cumulativ
es tables are then used by the arithmetic decoder to generate decoded values from the variabl

—~ D D 7 !

length b|nary code. The noiseless decoding.for the remaining least significant bit planes r, uses conte
dependent cumulative frequencies tables derived from the significance of the upper bit planes in the 2-tuple.
77777777 2-tuples decoded not
i considered for the context
r 2-tuples not yet decoded
>‘ _ AN /
2
9] 2-tuples already decoded
g considered for the context
C

84

Q 2-tuples to decode

-
Time

Figure 3 — Context for the state calculation

© ISO/IEC 2012 — All rights reserved


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

The arithmetic encoder produces a binary code for a given set of symbols and their respective probabilities.
The binary code is generated by mapping a probability interval, where the set of symbols lies, to a codeword.

The relation between 2-tuple, the individual spectral values a and b of a 2-tuple, the most significant bit planes
m and the remaining least significant bit planes r are illustrated in the example in Figure 4.

Aé 2-tuple b a
E‘ ™ . e ‘\ A [0la
g [ ] 0 0
° 2l 110 _
zc; OI 0 m = 1000,
_g' 10| r=10,, Isbidx=1
T Freq. o 111 r=11,.sbidx=1
a b > 0|1| r=015;Isbidx=2

Figure 4 — Example of a coded pair (2-tuple) of spectral‘values a and b
and their representation as m and r. In this example three ARITH.ESCAPE symbols are sent prior to
the actual value m, indicating three transmitted least significant bit planes

7.4.2 Terms and definitions
a,b 2-tuple to decode.

m The concatenated.2 most significant bit planes of the quantized spectral
coefficient 2-tuplé to decode.

r A least significant bit plane of the quantized spectral coefficient 2-tuple to
decode.
Igv Levelof the remaining bit-planes. It corresponds to the number of leagt

significant bit planes.

drith_hash_m(] Hash table mapping context states to a cumulative frequencies table {ndex
pki.

Jdrith_lookup_m[] Look-up table mapping group of context states to a cumulative frequencies
table index pki.

grith_cf_mipki][17] Models of the cumulative frequencies for the concatenated 2 most significant
bit planes m and the ARITH_ESCAPE symbol.

grith. ef_r [Isbidx][4] Models of the cumulative frequencies for the least significant bit plangs
symbolr.

ql2](] 2-tuple context elements of the previous and current frame.

Xx_ac_dec|] Array which holds the decoded quantized spectral coefficients.

arith_reset_flag Flag which indicates if the spectral noiseless context must be reset.

ARITH_STOP Stop symbol consisting of the succession of ARITH_ESCAPE symbol and

m=0. When it occurs, the rest of the frame is decoded with zero values.
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N Window length. For FD mode it is deduced from the window_sequence (see
7.9.3.1) and for TCX N=2*g.

previous_N Length of the previous window.
7.4.3 Decoding process
The quantized spectral coefficients x_ac_dec|[] are noiselessly decoded starting from the lowest-frequency

coefficient and progressing to the highest-frequency coefficient. They are decoded by groups of two
successive coefficients a and b gathering in a so-called 2-tuple {a.b}

The decpded coefficients x_ac_dec[] for FD are then stored in the array x_ac_quant[g][win][sfb][bip]. "Th
order of [transmission of the noiseless coding codewords is such that when they are decoded in the-orde
received| and stored in the array, bin is the most rapidly incrementing index and g is the most slowly
incrementing index. Within a codeword the order of decoding is a, and then b.

S

[oN

The decgded coefficients x_ac_dec][] for the TCX are stored directly in the array x_tcx_inyquant[win][bin], an
the ordef of the transmission of the noiseless coding codewords is such that when they are decoded in th
order regeived and stored in the array, bin is the most rapidly incrementing index and-win is the most slowly
incrementing index. Within a codeword the order of decoding is a, and then b.

[0

First, thelflag arith_reset_flag determines if the context must be reset.

The decpding process starts with an initialization phase where the contéxt element vector g is updated b
copying fand mapping the context elements of the previous framesstored in g[7][] into g[0][]. The conte
elementg within g are stored on 4 bits per 2-tuple.

—-—<

If the context cannot be reliably determined, e.g. if the data of’the previous frame is not available, and if th
arith_reset_flag is not set, then the decoding of spectral data cannot be continued and the reading of th
current grith_data() element should be skipped.

O O

/*Input| variables*/
N /* Length of the current*window */
arith _rpset flag /* Arithmetic coder reset flag */

/*Globa|l variables*/
previoup N /* Length of the previous window */

¢ = arifh map context (N,arith(reset flag)
{

if (arith reset flag) ({
for (j=0; j<N/4; G4+ {

qlo] [j1=0;
} else {
ratio = ((float)previous N) / ((float) N);
for (=0 W<N/4; j++) {
k =-fint) ((float) j * ratio);
glerijl = al1l [k];

}

previous_N=N;

return(ql[0] [0]<<12);

The noiseless decoder outputs 2-tuples of unsigned quantized spectral coefficients. At first, the state ¢ of the
context is calculated based on the previously decoded spectral coefficients surrounding the 2-tuple to decode.
Therefore, the state is incrementally updated using the context state of the last decoded 2-tuple considering
only two new 2-tuples. The state is coded on 17 bits and is returned by the function arith_get context().
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/*Input variables*/

c /* old state context */
i /* Index of the 2-tuple to decode in the vector */
N /* Window Length */

/*Output value*/
¢ /*updated state context*/

¢ = arith get context (c,i,N) {
c = C>>4;
if (i<N/4-1)
o= o /q[{'\] [-iJ_‘I] ‘I’)\:
c = (c&O0xFFFO) ;
if (is>0)

c =c + (ql1l]l[i-11);

if (1 > 3) {
if ((ql11[1i-3] + gl1]l[i-2] + gl1][i-1]) < 5)
return (c+0x10000) ;

}

return (c);

—]

he context state ¢ determines the cumulative frequency table used for“decoding the most significant 2-bits
ise plane m. The mapping from c to the corresponding cumulative frequency table index pki is performed by
ne function arith_get_pk():

= <

*Input variable*/
d /*State of the context*/

*Output value*/
gki /*Index of the probability model */

gki = arith get pk(c) {

i min = -1;
i =1 min;
i max = (sizeof (ari lookup m)Asizeof (ari lookup m[0]))-1;
while ((i_max-i min)>1)

i = 1 min+ ((i_max-i_min)y2);

j = ari hash m[i];

if (c<(j>>8))

i max = i;

else 1f (c>(j>48))
i min = ig

else
returp-(5&0xFF) ;

}

return @axi lookup m[i max];

The”value m is decoded using the function arith_decode() called with the cumulative frequencipes table,
arith’ cf_mfpkilf]l, where pki corresponds to the index returned by arith get pk(). The arithmetic cofler is an
integer implementation using the method of tag generation with scaling [1]. The following pseudo C-code
describes the used algorithm.

/*helper functions*/
bool arith first symbol (void) ;
/* Return TRUE if it is the first symbol of the sequence,
FALSE otherwise */
Ushort arith get next bit (void) ;
/* Get the next bit of the bitstream */

/* global variables */

low
high
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value
/* input variables */
cum_freqll; /* cumulative frequencies table */
cfl; /* length of cum freqgl[] */
symbol = arith decode (cum freq, cfl) {
if (arith first symbol()) {
value = 0;
for (i=1; i<=16; i++)
value = (val<<l) | arith get next bit();
Jow = 0;
high = 65535;

range = high-low+1l;

q

9q

9q

retuy

When th

=((((int) (value-low+1l))<<14)-((int) 1)) /range;
cum_ freg-1;

F = p + (cfl>>1);

1f ( *q > cum ) { p=q; cfl++; }

fl>>=1;
e ( cfl>1 );
ol = p-cum freg+l;

symbol)
bigh = low + (range*cum freqg[symbol-1])>>14 - 1;

+= (range * cum_ freqg[symbol])>>14;

(i) |

1f (high<32768) { }

lse if (low>=32768)

value -= 32768;
low -= 32768;
high -= 32768;
lse if (low>=16384 && high<49152) {
value -= 16384;
low -= 16384;
high -= 16384;

lse break;

low += low;

bigh += high+1/
ralue = (valde<kl) | arith get next bit();

rn symbod;

e_decoded value m is the escape symbol ARITH_ESCAPE, the variable lev and esc nb ar

e

incremer

taoal lo ol 4l 1 + ol alaal 1 4lo 4l £, ' s Le/)\ & Hea el H
WU Uy U ditu arftouaict valutT 777 15 UTUUUTU. TTT UTS LAST, UIT TUTTCUUIT Yot UA() 15 LalicU UTILT ayal

with the value c&esc_nb<<17 as input argument, where esc_nb is the number of escape symbols previously

decoded

for the same 2-tuple and bounded to 7.

Once the value m is not the escape symbol ARITH_ESCAPE, the decoder checks if the successive m forms
an ARITH_STOP symbol. If the condition (esc_nb>0 && m==0) is true, the ARITH_STOP symbol is detected
and the decoding process is ended. The condition indicates that the rest of the spectral data is composed of
zero values. The decoder proceeds directly to the sign decoding described in a subsequent paragraph further

below.
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If the ARITH_STOP symbol is not met, the remaining bit planes are then decoded if any exists for the present

2-tuple. The remaining bit planes are decoded from the most significant to the lowest significant
calling arith_decode() lev number of times with the cumulative frequencies table arith_cf_rflsbidx][].

level by
Isbidx is

derived from the information indicating whether a,b to be currently decoded are zero or not. The decoded bit

planes r permit to refine the previously decoded values a,b by the following way:

b = m>>2;
a = m- (b<<2);
for (j=0;j<lev;j++) {
lsbidx = (a==0) ? 1 : ((b==0)?0:2);
r - av{+k_ﬂaﬁnﬂalav%kh_mF_v[Tch%ﬂ ],A\;
a = (a<<l) | (r&l) ;
b = (b<<l) | ((r>>1)&l);
}
At this point, the unsigned value of the 2-tuple {a,b} is completely decoded. It is saved te the array hg

(7))

pectral coefficients:

x_ac_dec[2*i]
x_ac_dec[2*i+1]

—

he context q is also updated for the next 2-tuple. Note that this contextupdate has also to be perfqg
ne last 2-tuple. This context update is performed by the function arith<update_context():

—

*input variables*/
,b /* Decoded unsigned quantized spectralcoefficients” of the 2-tuple */
i /* Index of the quantized spectral coefficient\ to decode */

Q

arith update context (i, a, b) {

gl1l] [1] = a+b+1;
if (gl1] [i]>0xF)
gll] [i] = OxF;

——

Tihe next 2-tuple of the frame is then dec¢oded by incrementing i by one and by redoing the same pr|
described above starting from the funetion arith_get context(). When Ig/2 2-tuples are decoded W
frame or when the stop symbol ‘ARITH_STOP occurs, the decoding process of the spectral 3
terminates and the decoding of the‘signs begins.

Once all unsigned quantized-spectral coefficients are decoded, their signs are decoded. For each
quantized value of x_ac~dec a bit is read. If the read bit value is equal to one, the quantized value is
nothing is done andCihe signed value is equal to the previously decoded unsigned value. Othen
d
r

pad from low tothigh frequencies.

Tlhe decoding is finished by calling the function arith_finish(). The remaining spectral coefficients 4
Zero. The-réspective context states are updated correspondingly.

Iding the

rmed for

pcess as
ithin the
mplitude

non-null
positive,
ise, the

ecoded coefficient-is negative and the two’s complement is taken from the unsigned value. The sign bits are

re set to

*dnput variables*/

ffeat * numbex £ decoded -2 +np15c *
N /* Window length */
x_ac_dec /* vector of decoded spectal coefficients */

arith finish(x ace dec,offset,N)

{

for (i=offset ;i<N/4;i++) {

x_ac_dec[2*i] = 0;
X ac_dec[2*i+1] = 0;
ql1] [i] = 1;
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7.5 enhanced SBR Tool (eSBR)

7.5.1 Modifications to SBR Tool

The general description of the SBR tool can be found in ISO/IEC 14496-3:2009, 4.6.18.

The above mentioned SBR tool shall be modified as described below.

7.51.1 Terms and definitions

For the gurposes of this clause, the terms and definitions in ISO/IEC 14496-3:2009, 4.6.18, and the followin

apply:

sbrPatchingMode[ch]

sbrOversamplingFlag[ch]

sbrPitcHinBinsFlag[ch]

sbrPitcHInBins[ch]

7.5.1.2 Frequency Band Tables, offset

The lowgr frequency boundary of the master frequency table, %, is defined in ISO/IEC 14496-3:200¢

4.6.18.32.1 as

k, = staltMin + offset (bs_start _freq)

where offset is a sampling frequency dependent table of QMF subband indices. This table has been amende
to includg a row for,an SBR sampling frequency of 40kHz by adding the following line to the definition of arra

offset:

f

Indicates the transposer type used in eSBR:
1 indicates patching as described in ISO/IEC 14496-3:2009, 4618.
0 indicates harmonic sbr patching as described 7.5.3 or 7.54.

Indicates the use of signal adaptive frequency domain oversampling used in
eSBR in combination with the DFT based harmonic:SBR patching as
described in 7.5.3. This flag controls the size of the\DFTs that are utilized in
the transposer.

1 indicates signal adaptive frequency domainioversampling enabled as
described in 7.5.3.1.

0 indicates signal adaptive frequency domain oversampling disabled as
described in 7.5.3.1.

Controls the interpretation of the‘sbrPitchIinBins[ch] parameter:
1 indicates that the value in.shrPitchInBins[ch] is valid and greater than zero,
0 indicates that the value of'sbrPitchinBins[ch] is set to zero.

Controls the addition_ef'cross product terms in the SBR harmonic transposer
sbrPitchinBins[ch] is,an integer value in the range [0,127] and represents the
distance measured in frequency bins for a 1536-line DFT acting on the
sampling freguency of the core coder.

[oN

offset ={[-1,0,1,2,3,4,5,6,7,8,9,11,13,15,17,19], F ., = 40000

For all other sampling rates Fis,, , the mapping as defined in Table 110 should be applied to build the master

frequency table.
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Table 110 — SBR Sampling frequency mapping

2012(E)

Frequency range (in Hz) Use tables for sampling frequency (in Hz)

f>=92017 96000
92017 > f >= 75132 88200
75132 > f >= 55426 64000
55426 > f >= 46009 48000
46009 > f >= 42000 44100
42000 > f >= 35777 40000
30/ >1>=2(713 32000
27713 > f >= 23004 24000
23004 > f >= 18783 22050

18783 > f 16000

71.5.1.3 Envelopes, Lg

h eSBR the requirements for the maximum allowed number of envelopes 4ot bs_frame class = FL
been relaxed:

L, <8,bs _frame class = FIXFIX

7.5.1.4 HF adjustment of SBR envelope scalefactors

i bs_pvc_mode is zero the SBR envelope time bordercwector of the current SBR frame, tg(/), is ¢

dccording to:
absBordLead if1=0
absBordTrail if l=L,

/-1
1, (/) =< absBordLead + ZrelBordLead(z’) if 1<I<np .,
i=0
Lp—1-1
absBordTrail - ) relBordTrail(i) if ny...<I<L;

i=0

KFIX has

alculated

where 0</<L, and relBordLead(/) and relBordTrail(/) are vectors containing the relative| borders
gdssociated with the-leading and trailing borders respectively. Both vectors are (if applicable) defined blelow.
NINT (MJ bs_frame_class = FIXFIX
E
relBordLead(/)=1 NA ,bs_frame_class = FIXVAR
bs_rel_bord_0(/) ,bs_frame_class =VARVAR or VARFIX
where 0</<ng, .4
NA ,bs_frame_class = FIXFIX or VARFIX
relBordTrail (/) =
bs_rel_bord_l(l ) ,bs_frame class =VARVAR or FIXVAR
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where 0=/ <np,p.

If bs_pvc_mode in not zero, the SBR envelope time border vector of the current SBR frame, t¢ is calculated
according to:

[bs_var_len' , numTimeSlots + bs_var_len] ,bs num_env =1

t. =
£ {[bs_var_len', bs_noise_position, numTimeSlots + bs_var_len] ,bs num_env =72

where

ps_var_len' is bs_var_len of the previous SBR frame.

1 if bs_noise position =0
bs  num _env = -
- - 2 otherwise

The bs_jvar_len and bs_noise_position are obtained from PVC bitstream. The bs var_len indicates th
position |of the trailing variable border, and the bs_noise_position indicates the\timeslot border for nois
floors.

O O

If bs_pv¢_mode is not zero, the PVC SBR envelope time border vector of‘the current SBR frame, tgpyc, is
calculatdd according to:

[t irse» U T, imeSlots] , bs_num_env =1
tipe =0
[t Jirst» DS_T01SE_position, numT imeSlots] , bs num_env =2
where
, bs var _bord I' , bs_pvc mode' =0 and bs_pvc _mode # 0
st sotherwise

=

where bs| var_bord_I' is the trailing border of the previous frame andbs_pvc_mode' is the PVC mode ¢

the previous frame. Within one SBR frame there can be either one or two noise floors. The noise floor tim
borders are derived from the) SBR envelope time border vector according to:

[¢)

L, §bs_num_‘peise

£ (0),tE (1) Ly =1
oA i ]

¢ (

Fa 5% 51 D » SN0 DA
J "'E \IILLMMLCUUIMCI},

4+
v

(r \1
E\FME]] >%E "1

where middleBorder = func(bs_frame_class, bs_pointer, L, ) is calculated according to ISO/IEC
14496-3:2009, Table 4.174.

If bs_pvc_mode is not zero, the noise floor time borders vectors of the current SBR frame, tq is calculated
according to:
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_ {[tE(oxtE(l)]
2 [t 0),t, (1), t,(2)]

where

1
bs num_noise = .
otherwise

,bs num_noise =1

,bs_num_noise =2

if bs_noise_position =0

ISO/IEC 23003-3:2012(E)

71.5.1.5 HF adjustment

7.5.1.5.1 Introduction

[ds)

ame as ISO/IEC 14496-3:2009, 4.6.18.7.5.

o |

.5.1.5.2 Mapping

QD BV = (N

D O O -

nvelope scalefactors.

{bs_pvc_mode is zero,

E o grtiped (M=K 1) =Eq,, (01)
F(i,r(l))ém <F(i+1,r(l)),
O£i<n(r(l)),
0<I<L,

QMapped (m_kxal):QOr[g (l,k(l)) ,
fTableN"iSC’ (Z) sm< fTableNoise (l + 1)3
0<i<N,,

0<I<L,

ome of the data extracted from the bitstream payload are vectors (or matrices) containing data glements
bpresenting a frequency range of several QMF subbands. In order to-simplify the explanation bdlow, and
ometimes out of necessity, this grouped data is mapped to the highest-available frequency resolutign for the
nvelope adjustment, i.e. to the individual QMF subbands within the SBR range. This means that several
djacent subbands in the mapped vectors (or matrices) will have-the same value.

he mapping of the envelope scalefactors and the noise. floor scalefactors is outlined below. The SBR
nvelope is mapped to the resolution of the QMF bank, ‘albeit with preserved time resolution. The nopise floor
calefactors are also mapped to the frequency resolution of the filterbank, but with the time resolutipn of the

fse, bs_pvc_mode s ot Zero;

E (m—k,,t)=E(m,1),

F@i,r()))<m<F(@+1,r()),
0<i<n(r()),

tEPVC (l) <t< tEPVC (l + 1)’
0<I<L,
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QPreMapped (m _kx’t) = QO”g (l’k(l)) ’

fTahleNoise (l) <m < TableNoise (l + 1)
0<i< Ny,

t,()<t<t (I+1),

0<I<L,

Q.

where Q

number

RATE -,

columni

NOTE

The may
matrices
subband
frequend
where th
indicated
position

generate

Let,

Slnde

If bs_pvd

Q' prortapped (M =k, t + numTimeSlots) ,0<t <t'.(L';)—numTimeSlots

e (m - kx 5 t) =
e QPreMapped (m - kx’ t) ° tE (O) st< tE(LE)
fTableNuise (O) =m< fTableNoise (NQ)’

0<t<t.(L,),

[ Premapped 1S the Qprerappes Matrix of the previous SBR frame and t’Eis the timyeborder vector, Lg is th
of envelopes of the previous frame respectively and  where k(l ) is defined b
(1)2 RATE -t, (k(l)),RATE-tE (I+1)<RATE -t, (k(l)+1) , .and F(i,r(l)) is indexed as row
e. F(i,r (1)) gives f,,,,,, (i) for r(/)=LO and £, (@)+or r(l)=HI .

a

Remember that t; (0) =t'. (L', ) —numTimeSlots .

ping of the additional sinusoids is done as indicated below. In order to simplify the mapping twi
are introduced, Spexpapped @NA Sirgppes. Theformer is a binary matrix indicating in which QM
5 sinusoids should be added, the latter is~a matrix used to compensate the energy-values for th
y bands where a sinusoid is added. If the*bitstream payload indicates a sinusoid in a QMF subban|
ere was none present in the previous,SBR frame, the generated sine should start at the positio]
by I, (see Table 111) in the présent SBR frame if PVC is not used (bs_pvc_mode=0) or at th
ndicated by bs_sinusoidal_position in the present SBR frame if PVC is used (bs_pvc_mode # 0). Th
d sinusoid is placed in the middle of the high frequency resolution band, according to the below:

,0<i< N

High

(0 bs_add_harmonic(i) ,bs_add_harmonic_flag =1
l =
0 ,bs_add_harmonic_flag=0

_mode.is.zero,

<

O O S5 & 1O

[“ A 77\77"( Tabletiigh (l +1 +fTab/eHigh (’

S[ndexMapped (m - kX 4 l) =

~
~—]

+1

+

)
2
l Frapernon (1 )J

Slndex( ) é‘SIL[)(m k l) lf‘ m =INT( TableHigh (l

With £, (1) Sm <fpp 0 (i41), 0Si< Ny, ,0<I<L,

where
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5 (m,l)z{l lf(lZZA)OR (SgndexMappgd (m,L'E_l):l)

Step . ’
0 otherwise

else, if bs_pvc_mode is not zero,

{0 if m = INT [ fTubleHigh (l + 1) + fTableHigh (l)j
2
—STMW (= kx 1=+

. . £ roioion G+ D + £ omen ()
Slndex(l)'sstep(m_kx,l) if m:]NT( TableHigh . TableHigh

fTableHigh (B<m< fTableHigh (i+1),
0<i<N

High»>

t,(0) <1<ty (L)

| S pdexprestapped (M — k>t + numTimeSlots), 0 < £t (L', ) — numTimeSlots
L’[ndexMapped (m - kx b t) =
S[ndexPreMapped (m - kx H t)

A0) <1<t (L)
Fraietien (0) <1 <Ky tion (N pign ),
0<t<t.(L,)

NOTE Remember that t; (0) =t'. (L', ) —numTimeSlots

W

here S’ juiexpresappea 1S the Spuexpreptappea Matrix of the previous SBR frame and t;s is the time border vector, L}'5
the number of envelopes of the previgus frame respectively and where

if (1 2 bs_sinusoidal_position) OR (S', . vuppea(Mt/ (L' )—1)=1)
8Step (m9 t) = \
0 otherwise

q

G

1

nd where [, is defined\according to Table 111,

Table 111 — Table for calculation of /,

. bs_frame_class
bs_pointer
FIXFIX FIXVAR,VARVAR VARFIX
=0 = = =
=1 -1 Lg+1-bs_pointer -1
>1 -1 Lg+1-bs_pointer bs_pointer-1
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and S}, uaped 1S S iiexriappea ©F the previous SBR frame for the same frequency range. If the frequency range is

larger for the current frame, the entries for the QMF subbands not covered by the previous S.iexyappes are
assumed to be zero. t,’ and L', are t, and L, of the previous SBR frame, respectively.

If bs_pvc_mode is not zero, I, is defined as follows:

I, =-1

The fre ercy resoluton or the transmited Inrorrmation on addalruonal SINuUsoIds 1S COonstarit, thereiore _n
varying frequency resolution of the envelope scalefactors needs to be considered. Since the frequeng
resolutioh of the envelope scalefactors is always coarser or as fine as that of the additional sinusoid data, th
varying ffequency resolution is handled according to the below:

<<

If bs_pvd_mode is zero,

u, =F(i+Lr(l))

SMaI_ped (m—kx,l) :55' (l,l), Zi <m <ui,{l

for 0<ixn(r(1)),0<I<L,

where

.y :{1 (S pscatped (1=l F(ir(1) <) <FeLr(1)))

0 ,otherwise
else, bs_|pvc_mode is not zero,

i, =F(i+1,r(]))

S k t 8 t 71 = ’
Mupped(m ) (l ) S {ZIZF(Z,I'(Z))

for 0<ifen(r()),t,()<t<t,(FN0<I<L,

where

5.0 1 Le S o U=k t) : FG (D) < j <F+Lr(D))t, ()<t <t (I+1),0<I<L,}
s L T

0 ,otherwise

The & ( l) function returns one if any entry in the Sjgexappes Matrix is one within the given boundaries, i.e. |if

an additie 2
QMF subbands in the scalefactor bands where an addltlonal smusmd shaII be added

7.5.1.5.3 Estimation of current envelope

In order to adjust the envelope of the present SBR frame, the envelope of the current SBR signal needs to be
estimated. This is done as shown below, and depends on the value of the data element bs_interpol freq. The
SBR envelope is estimated by averaging the squared complex subband samples over different time and
frequency regions, given by the time/frequency grid represented by tz and r or tgpyc in case of bs_pve_mode #
0 respectively.
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If interpolation (bs_interpol_freq = 1) is used:

RATE -ty (141) =1+t 4 5
() |XHigh (m+kx’i)|
E 1) = i=RATE () ¥ tyypag , 0< M,0<I<L,,
Curr(m ) (RATEtE(lJ,_l)—RATEtE(l)) m< < E

if bs_pve mode =0

RATE =it .

> Xy 4k RATE -1 +1)

E, (m1)=——"" TE 0<m <Mt (1)<t <ty (1+1),0<I< LS

if bs_pve_mode # 0
else, no interpolation (bs_interpol_freq = 0):
RATEtg (I+1) =1+t yryy

Z Z XH[gh (j’i)|2

i=RATE A (D) +typag =k

(RATE -t (1+1)~ RATE -t (1)) (k, —k, +1)

k=F(p.r(l))
k

E.. (k - kx,l) =

ky <k<k ,0<p<n(r(l),0s/%L,,

if bs_pve_mode =0

RATEN+typyg k,

DI

E . k—k ’t — =t ypgq) j=k
Curr( X ) RATE(kh—k1+1)

X o RATE -t +1)

k, = F(p,r(0)

0< p <)), (D) <<t (I+1),0<I< L,
k,=F(p+hr(l))-1 p <)), tpyc (D) gove(U+1)

k,SkSkh,{

if bs_pvc_mode #0:

= Q

umber‘6f QMF subbands covered by the SBR range).

o |

15454 Calculation of levels of additional HE sianal I

l{ interpolation,is\used, the energies are averaged over every QMF filterbank subband, else the ene
veraged over‘every frequency band. In either case, the energies are stored with the frequency res
ne QMF filterbank. Hence the Ec,,, matrix has Lg columns (one for every SBR envelope) and M fows (the

rgies are
plution of

The noise floor scalefactor is the ratio between the energy of the noise to be added to the envelope adjusted
HF generated signal X4jgn and the energy of the same. Hence, in order to add the correct amount of noise, the

noise floor scalefactor needs to be converted to a proper amplitude value, according to the following.

If bs_pve_mode is zero,

QMupped (m’ Z)
14 Q,ppea (1)

, 0sm<M,0<I<L,

QM (mal) = \/EOrigMapped (m’l) ’

© ISO/IEC 2012 — All rights reserved

97


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

else, bs_pvc_mode is not zero,

QM (m’ t) = \/EOrigMapped (m’ t) '

Q Mgpped (mi‘ t)
1 + QMupped (m’ t)

O<m<M,t,()<t<t (I+1),0<I<L,

The level of the sinusoids are derived from the SBR envelope scalefactors according to the following.

If bs_pve_mode is zero,

else, bs_pvc_mode is not zero,

SM m,l) - \/EorlgMapped (m’l) ’

SIndexMapped (m’l) 0<m< M’O < l < LE

2

14 Qppe (m,1

7.5.1.5.9 Calculation of gain

The gain| to be applied for the subband samples in order to retain the-cerrect envelope is calculated as show
below. The level of additional sinusoids, as well as the level of theadditional added noise, are taken int

account.

If bs_pvc|mode is zero,

SIndexMa ed (m9 t)
SM m7t) = \/EOrigMapped (mﬁ t) = 0

14+ Q yoppea (M 1)

<m<M,t,()<t<t,(I£)0<I<L,

\/ E()rigMapped ( m, Z )

(£+Eq,, (m.0))-(1+5()- Qs (m,l))

QMapped (m’l)

\/ E OrigMapped ( m, l )

1 otherwise
and whefe

Aot =L,

lAPre

5(1 _{0 U(l:lA ORI:ZAPVEV

(e+Eq,, (m.1)) (14Q et (m1))

l..f SMapped (m’l) = 0

if SMappgd (m,l) #0

,0<m<M,0<I<L,

[© ]

(—I ortherwise

is introduced, derived from /', and L', , which are the /,and L, values of the previous SBR frame.

else, bs_pvc_mode is not zero,
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EOrigMapped (m,t) lf SMapped (m’ t) — O
(E + ECurr (m’ t)) ' (1 + QMapped (mﬁ t))

EOrigMapped (m’ t) . QMapped (m’ [) lf S
(E + ECur‘r (m5 t)) (1 + QMapped (m? t))

G(m,t) =

(m,t)# 0

Mapped

with O<m<M,t . ()<t<t,, (+]1),0<I<L,

In order to avoid unwanted noise substitution, the gain values are limited according to thé) following.
Hurthermore, the total level of a particular limiter band is adjusted in order to compensate for the ‘engrgy-loss
imposed by the limiter.
i bs_pve_mode is zero,
frabier ,(k+l)—l—k
80 + ) EOrigMapped (l’l)
Gy, (k,0)= l:ffTT,:,LLM((/;:,;—l—Ic -limGain (bs_limiter_gains), 0<k<N,,0<I|<L,
80 + ECurr (l’l)
= Lim(k)’k

G (1) =min(G,, (k(m),01),10°), 0<m<M ,0£IXL,

dlse, bs_pvc_mode is not zero,
Frapierim (K+1)—1-k,
80 + EOrigMapped (l’ t)
i=Frapterim (K) =k . . . . .
G Masyy,, (k,t)= A T -limGain(bs_limiter gains)
80 + Z ECurr (l’ t)
=g W)=k

with — 0<k <Nt (DSr<t,, .(+1),0<I<L,

Gy (m,1) =min(G iy, (k(m),1),10°) ,0<m <Mt (1) <t <ty (I+1),0<I<L,
where k(m)is defined by f,,,,.,,, (k(m))<m+k <f,.,.. (k(m)+1),
gdnd where limGain =[0.70795, 1.0, 1.41254, 1010], and where g, = 10"*.
Tlhe“additional noise added to the HF generated signal is limited in proportion to the energy lost due to the

limitation of the gain values, according to the following:

If bs_pve_mode is zero,

G,. (m,l)

QML:m (m’l)zmin(QM (m’l)’QM (m,l) G(m Z)

J , 0<sm<M,0<I<L,

else, bs_pvc_mode is not zero,
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Q,,_(m1)= min[QM (1m,0,Q, (m,1)- 2

The gain

1
G (1) )j, 0<m <M, (1)<t <ty (+1),0<I<L,

G(m,t)

values are limited according to the following:

If bs_pvc_mode is zero,

G, (m1)=min(G(m,1l),G,, (m1)), 0<m<M ,0<I<L,

else, bs_pvc_mode is not zero,

GLi

As ment
to the los

If bs_pvc|

for 0<%k

else, bs |

Q

for 0 <A

where

(m,t) =min(G(m,?),G,,.(m,t)), 0<m<M,t, . ()<t<t,, ([+1),0</<L,

oned above, the limiter is compensated for by adjusting the total gain for a limiter band, in proportio
t energy due to limitation. This is calculated according to the following:

|mode is zero,

Craierim (K+1)=1-k,

& + ) Z EOrigMapped (l’ l)
S ( k: [ ) = i=Frapterim (K) =k,

Eapierim (K+1)=1-k,

g+ > (Eq, (i0)-Gi,, (i0)+8}, (15,94 8(Sy (i.0).1)-Q3,,. (i.1))

=frapieLim (k)_kr

0 .S, (8l)¥00RI=1,0RI=1,,,,

<N,,0<I<L, where, 58, (i,l),l)z{1 AN
, otherwise

bve_mode is not zero,

fTabIeLA‘m (k+l )_l_kx

80 + EOrigMapped (17 t)
—_ i=f. ableLim (k)ka
05 Temp (k’ t) - FrapteLim (KEDFk, 2 - 2 2
go+  D(E,, (.0 -G, (,0)+S3 (1,0 +8(S), (0,1),1)-Q}, (1))
= raplerim (K) =k
<Nt (DS<t,, (1+1),0<I< L,

0,8y G,0)#0

1 ,otherwise

6(SM(i’t)5t):{

>

The com

pensation, or boost factor, is limited in order not to get too high energy values, according to:

If bs_pve_mode is zero,

G g (1) =min(G,,,,  (k(m),1),1.584893192), 0<m<M ,0<I<L,

else, bs_pvc_mode is not zero,

G, (mt)=min(G

100

(k(m),1),1.584893192) ,  0<m <M.ty (1) St <ty (I+1),0<I<L,

Boostre,
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where k(m)is defined by f,,,,,,,, (k(m))<m+k, <%, (k(m)+1), and where &, = 10™.

2012(E)

This compensation is applied to the gain, the noise floor scalefactors and the sinusoid levels, according to:

If bs_pve_mode is zero,

G isooy (M) =G, (m,1)-Gy, (m1), 0<m<M ,0<I<L,

O L EAY o L FANEP L ) o AL 1 b
Qo oo L1 = Q0 (ML G (T, U= M U=T31;

S Boost (m,l) =S, (m,l)-GBOOS, (m,l) , 0<m<M,0<I<L,

glse, bs_pvc_mode is not zero,

G isoos (M) =G, (m,t)-G,  (m,t), O0<m<M,t,,, . ()<t<t,, ((+1)0</<L,
Qo ooy (M) =Q,, (1) G, (m,1),  0Sm<M,ty,, ()<t <tgpyc(+1),0<I<L,
S 1ioos (M:8) =S, (m, 1) -G, (m, 1), 0<m<M,ty,, () €t<t,, (+1),0<I<L,

7.5.1.5.6 Assembling HF signals

nalogous to the mapping of SBR envelope data and.noise floor data to a higher time and f
psolution, the gain values, representing a time-spanof-several QMF subsamples, are mapped to th
Ime-resolution available for the envelope adjustmenty'i.e. to the individual QMF subsamples within th
BR frame.

et = >

—

he gain values to be applied to the subband samples are smoothed using the filter h . The var

$ used to control whether smoothing is-applied or not, according to:

Smooth

3 {4 ,bs_smoothing mode=0
SL

0 ,bs smoothing imode =1
gnd the filter used is defined as following:

[0.33333333333333 |
0:30150283239582
h, .5=0.21816949906249
0.11516383427084
0.03183050093751

equency
b highest
e current

able Ay,

The smoothed gain values Gz, are calculated with the help of the temporary matrix Gr.,,, according to the

following equation:

If bs_pve_mode is zero,

GTemp (m’l + hSL ) = GLimBoost (m’l)

© ISO/IEC 2012 — All rights reserved

101


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC

23003-3:2012(E)

0<m<M,
RATE -t (1) <i < RATE -t (I +1),
0<I<L,

else, bs_pvc_mode is not zero,

GTemp (m,i+hg)=G

(m,(INT)(i | RATE)),

LimBoost

The calg
accordar

7.5.1.6

In case
4.6.18.4,
domain s
subband
bank. Th
array X @
older sar

— Shiff
sam

— Mulply the samples of array X by the coefficients of window c¢;. The window coefficients ¢; are obtaine

by I
— (@

whe
wind

—  Sum

Calculatg 24 new subband samples by the matrix operation Mu, where

M

~~

0<m<M,
RATE -t (1) <t < RATE -t - (I +1),
0<I<L,

ulation of Gy, itself and all further processing for assembling the HF signal shall be done i
ce with ISO/IEC 14496-3:2009, 4.6.18.7.6.

24 Band Analysis QMF Filterbank

bf coreCoderFramelLength=768, the 32 band analysis QMF as specified”in ISO/IEC 14496-3:200¢
1 is replaced by a 24 band analysis filterbank in the SBR tool. This QUVIF bank is used to split the tim
lignal output from the core decoder into 24 subband signals. The ©Qutput from the filterbank, i.e. th
samples, are complex-valued and thus oversampled by a factor two compared to a regular QM
e flowchart of this operation is given in Figure 5. The filtering‘involves the following steps, where a
onsisting of 240 time domain input samples is assumed. Ashigher index into the array corresponds {
nples.

the samples in the array X by 24 positions. The>oldest 24 samples are discarded and 24 ne
ples are stored in positions 0 to 23.

hear interpolation of the coefficients ¢, i.e. through the equation
)= p(m)c(u(n) +1)+ (1= p(n))eciu(n)), 0<n<240

re 1(n) and p(n) are defined as the integer and fractional parts of 64-n/24, respectively. Th
ow coefficients of ¢ can.be’found in Table 4.A.89 of ISO/IEC 14496-3:2009.

the samples according to the formula in the flowchart to create the 24-element array u.

(,n):8/3‘exp[l-ﬂ-(k+0.5)-(2-n—0.375)} ’{ng<24

0<n<64

d

O =5 11D O

(]

In the eq

uation, exp() denotes the complex exponential function and i is the imaginary unit.

Every loop in the flowchart produces 24 complex-valued subband samples, each representing the output from
one filterbank subband. For every SBR frame the filterbank will produce numTimeSlots- RATE subband
samples for every subband, corresponding to a time domain signal of length numTimeSlots - RATE - 24

samples.

102

In the flowchart WIK][I] corresponds to subband sample | in QMF subband k.
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Start
( for QMF subsample 1)

for(n =239; n >=24; n--) {
X[n] = x[n-24]

}

for(n=23;n>= 0; n--){
X[n] = nextinputAudioSample

}

for(n =0; n <= 239; n++) {
z[n] = x[n] * ci[n]
}

for(n=0;n<=47; n++){
uln] = z[n];
for(j=1;j<=4;j++){
uln] = u[n] + z[n +j * 48];

}

}

v

for (k=0; k <= 23; kK¥+) {
WIK][I] = u[0}-58/3 *exp(i*n /48 * (k+0.5)* (-0.375))
for( n = A\n/<=47; n++){
WIK][I}= WIK][I] + u[n] *8/3 *exp(i*n/48*(k+0.5)*(2*n-0.375))

A
< Done >

Figure 5 — Flowchart of the 24 band system decoder analysis QMF bank
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7.5.2 Additional pre-processing in the MPEG-4 SBR within USAC

7.5.2.1 General

When the SBR QMF-patching algorithm as described in ISO/IEC 14496-3:2009, 4.6.18.6.3 is used, an
additional step is introduced aimed at avoiding discontinuities in the shape of the spectral envelope of the high
frequency signal being input to the subsequent envelope adjuster. This improves the operation of the
subsequent envelope adjustment stage, resulting in a highband signal that is perceived to be more stable.

The additional-pre-processing-shall be done when the bitstream-element bs sbr prenrocessing-is-set-to one
™ ™ ) — —rrer B4 .

The additional pre-processing is described in the following clause.

7.5.2.2 Modifications and additions to the MPEG-4 SBR tool

The SBR tool used in USAC, is defined in MPEG-4 SBR but modified according to the following:"In MPEG-
SBR, thg HF generated signal is derived by the following formula (ISO/IEC 14496-3:2009, 4,6:18.6.3):

=

Xigh (k’l_'-tHFAd/’) = XLOW(p,l+tHFAd/)+bwArray(g(k))-a0 (p)-XLW(p,l—l+tHFAdj)+

bwArray (g(k))] e (p) - Xp (P =2+ 1),

The aboye shall be replaced by the following, for the instances where bs_sbt-preprocessing = 1:

X s (fl + tpay ) = preGain(p)-(XLOw(p,l g )+ DWATTAY (8(K))- @, (P) X (Pl =1+ 10 ) +
bwArray(g(k)) | e (p)-X,,. (p.! _z+z,,mj)),

where the preGain( ) curve is calculated according to-the following.

preGain (k) — 10(meanNrg—lmvEnvSlnpe(k))/20 , 0 < k < ko
where IqwEnvSiope is calculated by the pseudo-code in Table 112, according to:

polyfit (3, ky,x _lowband,lowEnv, ZowEnvSlope) ;

and whefe
0,0
lowEnv(k)=10log,, %.(0.0) ,0<k<k,
numTimeSlots - RATE + 6
and whefe“x _lowband (k)=[0 ... k,—1],and
ko1
lowEnv(k)
meanNrg = *=2
g ko
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Table 112 — Pseudo-code for curve calculation, “polyfit()”

#define MAXDEG 3
void polyfit (int deg, int n, float x[], float y[], float pl[]) {
int i, j, k;
float A[MAXDEG+1] [MAXDEG+1] ;
float b [MAXDEG+1];
float v[2*MAXDEG+1];

for (i = 0; i <= deg; i++) {
b[i] = 0.0f;
for (4 = 0. 3 =deg: d44) {
A[il [j] = 0.0f;
1
1
for (k = 0; k < n; k++) {
v[0] = 1.0;
for (i = 1; i <= 2*deg; i++) {
v([i] = x[k]l*vI[i-1];
}
for (i = 0 <= deg; i++) {

;1
b[i] += vIdeg-il*y[k];
for (j = 0; j <= deg; j++) {
A[i] [j] += vI[2*deg -1 - jl;
1

}
}

gaussSolve(deg + 1, A, b, p);

gtatic void gaussSolve (int n, float A[] [MAXBEG+1], float b[], float yI[l) {
int 1, j, k, imax;

float v;
for (i = 0; 1 < n; i++) {
imax i;

for (i =1+ 1; k < n; k++). £v// find pivot
if (fabs(A[k] [1]) > fabes(A[imax] [1])) {
imax = k;
!

}

if (imax != i) { “/ swap rows
v = b[imax] ;
blimax] = k¥l ;
bl[i] = v;
for (3. & 317 J < n; j++) {
v =@WfFimax] [§];
Alimax] [§] = A[1][]];
AlL] [F] = v;

1 Lo
== TTermMme T Ze oW

for (j = 1; J < n; J++) {
A[i] [3] /= v;

for (k =1 + 1; k < n; k++) { // subtract row i for row > 1
v = Afk] [1i];
blk] -= v*b[i];
for (j =1 + 1; J < n; j++) {
Alk] [§] -= v*A[il [§];
}
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for (i =n - 1; i >= 0; i--) { // back substitution
y[i]l = bl[i];
for (§ =1 + 1; J < n; j++) {
y[i]l -= A[i]1 [§1*y[j];

}
}
}

7.5.3 DFETbased-harmonictransposer

7.5.3.1 | Tool Description

In case bitstream parameters sbrPatchingMode[ch] equals 1 or harmonicSBR equals 0, SBR patching a
describefl in ISO/IEC 14496-3:2009, 4.6.18.6.3 is performed. When the harmonicSBR flag equals 1 an
sbrPatchingMode[ch] equals 0, the above mentioned SBR standard QMF-patching algorithm is replaced by
a phase-vocoder frequency spreading as shown in Figure 6.

[oNN7)

Phase Vacoder Decimation Bandpass filter

. . .

=
c
o
g Filtered
frag ; Dec | )
LF Time stretched ‘\\ a
Bandpass filter Phase Vocoder Decimation,
/"‘_“\‘ //’"—“-\‘ l,/"'_’_‘\‘ Generated
HF-Part
)
g
g Dec
o LF Filtered ﬁ{Lme stretched b)

—_— . —
Time Time Time Time

Figure-6.— Steps of harmonic bandwidth extension

The cor¢ coder time-domain-signal is bandwidth extended using a modified phase vocoder structure. The
bandwid{h extension isyperformed by time stretching followed by decimation, i.e. transposition, using sever:
transposjtion factors>(7T = 2, 3, 4) in a common analysis/synthesis transform stage. E.g. in the case ¢f
sbrRatiof"2:1" thé_output signal of the transposer will have a sampling rate twice that of the input signg|,
which means that for a transposition factor of T=2, the signal will be time stretched but not decimated,
efficiently producing a signal of equal time duration as the input signal but having twice the samplin
frequendy‘(for sbrRatio="8:3": 8/3 the sampling frequency). The combined system may be interpreted as thre
parallel transposers using transposition factors of 2, 3 and 4 respeciively. To reduce complexity, the factor 3
and 4 transposers (3rd and 4" order transposers) are integrated into the factor 2 transposer (2"d order
transposer) by means of interpolation. Hence, the only analysis and synthesis transform stages are the stages
required for a 2" order transposer. Furthermore, to improve the transient response, a signal adaptive
frequency domain oversampling is applied controlled by a flag in the bitstream.

The frequency domain oversampling factor F' which is necessary and sufficient for adequate transient
response is determined by F =(Q+1)/2 where Q is the quotient (synthesis/analysis) of the physical

frequency bin spacing of the DFT filter banks. Due to the sampling rate changes described above it holds here
that =2 soF =1.5.
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For each frame (corresponding to coreCoderFramelLength core coder samples), the nominal “full size”

transform size of the transposer is first determined by

coreCoderFrameLength, for sbrOversamplingFlag|ch] =0

[ftSize = .
1.5-coreCoderFrameLength, for sbrOversamplingFlag[ch] =1

1024, for sbrOversamplingFlag|[ch] =0

[ftSizeSyn =
1536, for sbrOversamplingFlag[ch] =1

here sbrOversamplingFlag[ch] is signaled in the bitstream. This would be the transform size. actUally used

im the transposer if critical sampling is deactivated, i.e. when Ms = 32 and Mji)'= 64

(for a

reCoderFramelLength of 768: Ms=24). The variables Ms and M, are defined in 7.5.3.8.2 and |7.5.3.3.3

respectively.

s critical sampling is active, blocks of 32-Ms windowed input samples (correspor

ding to

reCoderFramelLength core coder samples), using a hop size (or stride) of 4-Ms samples (corresppnding to
reCoderFramelLength/8 core coder samples) are transformed to the frequency’domain by means pf a DFT
size 32-Ms or 48-Ms=1.5-32-Ms depending on the signal adaptive frequency domain oversampling control
gnal. The phases of the complex-valued DFT coefficients are modified ‘according to the three tranisposition

ctors used. For 2" order transposition the phases are doubled., For 3" and 4" order transpos
hases are either tripled or quadrupled or interpolated from two consecutive DFT coefficients. The

1.5-16-M,, windowed and combined by means of overlap-add using an output time stride of 4-M,
corresponding to 256 decoder output samples).

— 1l O T =

me domain signal subsequently provided to the \sub-sampled analysis QMF bank at sample pg

—~ ~ —+ —

ansform size S; used by the transposer is determined by

S, = fftSize- M ¢ -32 / coreCoderFrameLength

S = fftSizeSyn- M |/ 64
Tihe variable transSamp specifying the number of frequency domain transition samples is obtained fron
transSamp = 3 ffiSizeSyn / 256

he variable numPatches and the array xOverBin of maximum 4 elements are calculated accordi

.6.18.3.2°For each transposition factor (T = 2, 3, 4), a frequency domain window of ffiSize ele
reated-as

O T

ition the
modified

pefficients are subsequently transformed back to the time domair by means of a DFT of size 16-M,[or 24-Mg

samples

et s(n) be the input time domain data provided by the-sub-sampled synthesis QMF bank and o(n) the output

sitions n

n1eNp). For each frame (32-Ms time domain input.samples), the analysis transform size S, and the synthesis

ng to the

seudo code_of Figure 7, where frapenign, Fravierows Nhign and N, are defined in ISO/IEC 14496-3:2009,

ments is
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Q" (k) =

The time

a

for the apalysis transform and

for the sy

where p

lengths |
variableg
granules|
input sig

E(S, —32-M)/2
£(S.-16-M,)/2

F k- [ftSizeSyn / 64

0 0 < k < xOverBin(T —2) — transSamp / 2

0.5+0.5-sin - (k — xOverBin(T - 2)) xOverBin(7T" - 2) — transSamp / 2 < k < xOverBin(T — 2) + transSamp / 2

transSamp

1 xOverBin(7 — 2) + transSamp / 2 < k < xOverBin(T' — 1) — transSamp / 2

— xuyverbin - xvverbin — 1) —transsamp > < xvverbin - ranssamp

0 xOverBin(T — 1) + transSamp / 2 < k < [fiSize

domain transform windows are given by

V4
=sin -(n+0.5)[,0<n<32-M
) (32% (n )] n 5

Ty

) V4
1) = sin -(n+0.5)[,0<n<16-M
) [16 v ( )] y

nthesis transform. The following variables are set

=4 M
- 4-M
=k, - fftSize-32/ coreCodertrameLength

and ps are theanalysis and synthesis zero pad sizes, 6, and o, are the input and output ho

k. and/ky are defined in 7.5.3.3.2 and 7.5.3.3.3 respectively. An input frame consists of
(32-M5)/ S, . The index u depicts the current granule (ueN). One granule ¥, is calculated from th
hal‘as

p
h samples, and“A and A are analysis and synthesis transform offset variables respectively. The
B8
e

0 ,0<n<p,

7,(n)=4s(n+6,-u)-0,(n-p,) ,p,<n<p,+32-M;

0 ,p,+32-My<n<S,

The granule is time-domain shifted S,/2 samples as

7. (n)

108

[r.(n+S8,/2) ,0<n<S,/2
“nn-5,12) ,S,/25n<S,
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The shifted granule is then transformed to the frequency domain by an S, -size DFT
Fu = F {};u}

and the DFT coefficients are converted to polar coordinates as

¢, (k)=r,(k)=0 L0<k <A,

{¢u(k)=4{ru<k—Aa>} A <E<A +§

r(k)=|l,(k=A,)

g, (k)=r,(k)=0 LA, +8, <k < ffiSize

Hor each transposition factor 7'=2,3,4 for which T <numPatches +1{,a new granule of|spectral

qpefficients I:flT) is computed according to the formula

00 =00 ), (P ()™ e (D Gy + 17 1%
exp| j-T-((1= P (k) 4,7 () + p )4, (1 () + 1))
+Qg)(k) . ru(ﬂ(T)(k))l,mm(k)/T 'l’u(ﬂ(T)(k))m(T)(k)/T .

1 2

exp| J+ (T = m™ (k) 4,7 N F m™ () - 4, (1"(F) )|
for0 < k < fftSizeSyn / 2

T (k) = conj {f;“( ffiSizeSyn — k)} , ffiSizeSyn/2 <k < ffiSizeSyn

here 1" (k) and p™\(k) are defined as the integer and fractional parts of 2k /T , respectijely, and

<

Q

onj{x} denotes complex conjugation of the argument x. The cross product gain Q(CT)(k) is set to zpro if the

o

ross product piteh parameter p <1. p is determined from the bitstream parameter sbrPitchinBins[ch] as

p =sbrPitchInBins|ch]- fftSizeSyn /1536

Hp>1, then Q) (k) and the integer parameters 1" (k), 1" (k), and m'" (k) are defined as folows:

Let M be the maximum of the at most 7'—1 values min{r, (n,),r,(n,)} , for which

2k—mp

1
— n, is the integer part of +E, and n, 20;

— n, istheinteger partof n,+p,and 0<n,<§,/2;
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QP k), if M >4ru(,u‘”(k));
0, otherwise. '

In the first case, m'") (k) is defined to be the smallest m =1,...,T —1 for which min{ru (n,), ru(nz)} =M

and the integer pair (,ulm (k),,uéT)(k)) is defined as the corresponding maximizing pair (,,7, ) .

The gran

The com

ules are mapped and added to form the combined spectral granule

_ numPatches+1 _
L= > TIk+A), 0<k<S,.

T=2

bined spectral granule is transformed by an S; -size inverse DFT to

77”=F'1{1_“u}

and the ime domain shift is reversed to form an output time granule as

The outp

where 77
analysis

_ 7.(n+8./2) ,0<n<S)2
7.(n) =12
7. (n=S.12) ,S [2&n<S.

ut granules are finally windowed and superimposed using overlap-add:
775
o(0, - u+m)= ZZ_M O, v+tm+p))- o (o, - v+m),0<m<35 ,Vu,ueN,
v=0 ’ ) ‘

=16-M ,/0,—1=3. The output time domain signal o(n) is subsequently fed to the sub-sample
QMF bank.

sfbL=0, sfbH=0
for patch=11t0 4
while (sfbL <="Njow) && (FravieLow(STbL) <= patch * frape ow(0))
sfbL =sfbL+1
end
if (sfhlX<= Nyow)
if (patch * frapierow(0) - Fravieon(sfbL-1)) <= 3)
xOverBin(patch-1) = NINT(fftSizeSyn* frapeLon(sfbL-1)/128)
else

while (SfbH <= NHigh) && (fTableHigh(SfbH) <= patCh * fTableHigh(O))

110

sthtHt——sfol+=+1
end
xOverBin(patch-1) = NINT(fftSizeSyn* frapjerign(sfoH-1)/128)
end
else
xOverBin(patch-1) = NINT(fftSizeSyn* frapeLon(NLow)/128)
numPatches = patch-1
break
end
end

Figure 7 — Calculation of xOverBin and numPatches
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7.5.3.2 Limiter frequency band table

The limiter frequency band table in the SBR tool (ISO/IEC 14496-3:2009, 4.6.18.3.2.3) contains indices of the
synthesis filterbank subbands which describe the borders of the limiter bands. The number of elements equals
the number of limiter bands plus one. The table is constructed to have either one limiter band over the entire
SBR range or approximately 1.2, 2 or 3 bands per octave, as signaled by bs_limiter_bands. In the latter case
additional band borders are installed which correspond to the HF generator patch borders. If
sbrPatchingMode==1 these HF generator patch borders are calculated according to the flowchart of Figure
4.48 in ISO/IEC 14496-3:2009, 4.6.18.6.3.

Vhen Harmonic SBRis aclive, i.e. when sbrPatchingMode==0, the above-mentioned additional band borders
re instead determined by the bands created from the different transposition factors T of the Harmgnic SBR
bol as specified in Figure 7.

= Q

—]

he exact process of constructing the limiter frequency band table is described below:

—

he first element is always k.. fr.p.0:m is @ subset of the union of {71, and the pateh-borders derived by the
ariables numPatches and patchNumSubbands given below.

<

H bs_limiter_bands is zero only one limiter band is used and f7,,..., is created<as

fTableLim = |:fTab]eLow (O) > fTableLow (NLow ):|
N, =1
i{ bs_limiter bands > 0 the limiter frequency resolution tablé is created according to the flowchart of

igure 4.41 of ISO/IEC 14496-3:2009, for which the variables numPatches and patchNumSubbands are
galculated as follows:

I

numPatches calculated from pseudo code of-Figure 7 , for sbrPatchingMode=0
iumPatches = numPatches calculated from Figure:d48 of .
, for sbrPatchingMode=1
ISO/IEC 14496-3:2009, 4.6.18.6.3
128 .
N\ xOverBin , for sbrPatchingMode=0
patchNumSubbands = ﬁ”tSlzeSyn

patchNumSubbands calculated from Figure 4.48 in ISO/IEC 14496-3:2009, 4.6.18.6  , for sbrPatchingMode=1

<

here the array xOverBin.is calculated from the pseudo code of Figure 7 and ffiSizeSyn is determiped from
brOversamplingFlag as'outlined in 7.5.3.1.

©n

7.5.3.3 Sub-sampled Filter Banks for HQ Critical Sampling Processing

7.5.3.3.1 < General

Tlhe «strategy behind critical sampling processing is to use the subband signals from the |32-band
(careCoderFramelLength of 768: 24-band) analysis QMF bank already present in the SBR tool. A subset of the
subbands; whictrcoverthesource range for thetransposerissynthesized-imthe timedomaimbya—small sub-
sampled real-valued QMF bank. The time domain output from this filter bank is then fed to the transposer. The
transposer time domain input is now a bandwidth limited segment of the original core decoded lowband, which
is frequency modulated to the baseband. Consequently, the transform sizes of the transposer need to be
adjusted. After transposition, the likewise modulated time domain output is processed by a sub-sampled
complex-valued analysis QMF bank, and the resulting QMF subbands are mapped back to the appropriate
subbands in the 64-band QMF buffer.

This approach enables a substantial saving in computational complexity as only the relevant source range is
processed by the transposer. The small QMF banks are obtained by sub-sampling of the original 64-band
QMF bank, where the prototype filter coefficients are obtained by linear interpolation of the original prototype
filter.
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7.5.3.3.2

Real-valued Sub-sampled Ms-channel Synthesis Filter Bank

The processing of the sub-sampled real-valued synthesis QMF bank is described in the flowchart of Figure 8
and the processing steps below. First, the following variables are determined

where M+

channel
synthesi
argumen

When co

M = 4-floor {(fTableLaw(O) +4)/8+ 1}
k, =startSubband2kL(f,,,,..(0))

—is-the-size-o ub-sampled-s osis-filler-bank-and-k—repress he-subband-index—of-the-first
from the 32-band (coreCoderFramelLength of 768: 24-band) QMF bank to enter the sub-sampled
5 filter bank. The array startSubband2kL is listed in Table 113. The function floor{x} rounds“the

t x to the largest integer not greater than x, i.e. rounding towards —co.

reCoderFrameLength = 768 samples andk, + M > 24, k, is calculated as k, =24 <M ;.

Table 113 — y = startSubband2kL(x)

112{3|4|5/6|7|8|9(10|11|12(13|14|15{16/17|18|19|20|21|22|23|24|25(26/27|28(29(30|31|32

0/0{0|0|0|0|2|2]|2]|4|4]|4|4|4|6|6|6|8|8|8|8]|8[10{10|10{12{12|12|12{12(12]|12

In th
as a

— Shiff

— The
com

N(#

The

—  Extr

t of Ms real-valued subband samples are calculated from the Mg new complex-valued subband
ples according to the first step of Figure 8 as

—k,) = Re{XLDW(k)-exp(i%(kL _WD},@ <k<k, +M;

e equation, exp() denotes the complex exponential function, i is the imaginary unit and k; is defined
bove.

the samples in the array v by 2Mgspositions. The oldest 2Ms samples are discarded.

Ms real-valued subband samples are multiplied by the matrix N, i.e. the matrix-vector product N-V is
puted, where

1 2k +0.5)-2-n-M;) | |0<k<M;
,) =——"COS ,
2M 0<n<2M;

S
output from this operation is stored in the positions 0 to 2Ms-1 of array v.

bct’samples from v according to the flowchart in Figure 8 to create the 10Ms-element array g.

—  Mult

iply the samples of array g by window c; to produce array w. The window coefficients ¢; are obtained

by linear interpolation of the coefficients ¢, i.e. through the equation

¢,(n)= p(n) c(p(n)+1)+(1— p(n)) c(u(n)), 0<n<10M;

where u(n) and p(n) are defined as the integer and fractional parts of 64-n/M

5 » respectively. The

window coefficients of ¢ can be found in Table 4.A.89 of ISO/IEC 14496-3:2009.

Calculate Ms new output samples by summation of samples from array w according to the last step in the

flowchart of in Figure 8.

112
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The processing of the sub-sampled complex-valued analysis QMF bank is described in the flowchart

of Figure 9 and the processing steps below. First, the following variables are determined

M , =4-floor {(min {64, 8,110, (N,,) +1} =2+ floor {(£,,,,1,,,(0)—1)/2} 1) 4+ 1}
k, =2-floor{(f;,.1., (0)—1)/2} —max {0, 2- floor {(f;,;.;,,, (0) —1)/2} + M , — 64}

here M, is the size of the sub-sampled analysis filter bank and k, represents the index of the firstba
4-band QMF buffer that the subbands from the sub-sampled analysis filter bank are fed to~The
nin{x,y} returns the argument x or y closest to minus infinity, and the function max{x,y} returns the ar
r y closest to infinity.

O O ® <

—+ Shift the samples in the array x by M, positions according to the first step of Figure 9. The ¢
samples are discarded and M, new samples are stored in positions 0 to M,-1.

—+ Multiply the samples of array x by the coefficients of window ¢;. The window coefficients ¢; are
by linear interpolation of the coefficients ¢, i.e. through the equation

¢;(n) = p(m)c(u(n) +1)+ (1= p(n))c(u(n), 0<n<10M,

where p(n) and p(n) are defined as the integer and fractional parts of 64-n/M ,, respecti
window coefficients of ¢ can be found in Table 4.A.89 ofISO/IEC 14496-3:2009.

—+ Sum the samples according to the formula in the flewchart in Figure 9 to create the 2M,-element

—+ Calculate M, new complex-valued subband samples by the matrix-vector multiplication M-u, whe

i-ﬂ-(k+0.5)-(2-n—MA/64)_i-ﬂ-kAJ {Osk<MA

M(k,n) =exp
2M 32 0<n<2M,

In the equation, exp() denotes the complex exponential function, i is the imaginary unit and M, arn
defined as above.

nd of the
function
jument x

Idest M,

obtained

ely. The

array u.

re

dkAiS
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Start
( for QMF subsample I)

for( k = ki; k < kp+Msg; k++) {
VIk-k.] = Real{ X ow[K][l] *exp(i*n/2*(k.-(k+0.5)*191/64)}

}

l

114

for(n =20*Ms-1; n >= 2*Ms; n--) {
v[n] = v[n - 2*Mg]

v

< 2*Ms; nt++) {

for(n=0; n
v[n] = V[0]/ Ms * cos(n/ (4*Ms) * (2*n-Ms))
for(k =1; k < Mg; k++) {
v[n] = v[n] + V[K] / Ms *cos(n / (2*Ms) * (k+0.5)*(2*n-Ms))

for(n =0;n <=4; n++) {

for(k = 0; k < Mg; k++) {
gl2 * Ms*n + K]
g[2* Ms*n + Ms + K]

}

V[4 * Ms*n + K]
V[4 * Ms* n + 3¢Ms + k]

}

for(n =0;n < 10*Ms; n++) {
w[n] = g[n] * ci[n]

for(k = 0; k < Ms; k++) {

temp = wlk]

for(n /4;.n <=9; n++) {
temp’=temp + w[Ms*n + K]

}
nextOutputAudioSample = temp

}

< Done

)

Figure 8 — Flowchart of real-valued sub-sampled Ms-ch synthesis QMF bank
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Start
( for QMF subsample 1)

/
for( n = 10*Mz-1; n >=My; n--) {
X[n] = x[n - My]
) J
for(n= Ms1; n>=0; n--) {
x[n] = nextinputAudioSample
}
/
for(n=0; n <10*My; n++) {
z[n] = x[n] * ci[n]
\
for(n=0; n < 2*My; n++) {
u[n] = z[n]
for(j=1;j<=4;j++){
uln] = u[n] + z[n +j* 2*Mg;
}
) J
for( k =0; k < Mg k++) {
BIK][I] 5.u[0] * exp( - i*7128*(k+0.5) - i*7 k4/32)
for( n'=45 n < 2*°My; n++) {
BIKI[ = B[] +
uln] * exp( i*7(2*My)*(k+0.5)*(2*n-M4/64) - i*F k432 )
}
¥
/
< Done >

Figure 9 — Flowchart of complex-valued sub-sampled M,-ch analysis QMF bank
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7.5.4 QMF based harmonic transposer

7.5.41 Tool Description

The harmonic transposition scheme which is described in section 7.5.3 may be replaced by a QMF based
harmonic transposer. The bandwidth extension of the core coder time-domain-signal is carried out entirely in
the QMF domain, using a modified phase vocoder structure, performing decimation followed by time
stretching for every QMF subband. Transposition using several transpositions factors (T = 2, 3, 4) is carried
out in a common QMF analy3|s/synthe3|s transform stage. E. g. in the case of seratlo-“Z 1" the output S|gnal
of the trg :
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system may be interpreted as three parallel transposers usmg transposmon factors of 2, 3 and 4 respectively
To reduge complexity, the factor 3 and 4 transposers (3 and 4™ order transposers) are integrated into th
factor 2 |[transposer (2” order transposer) by means of mterpolatlon Hence, the only QMF-analysis an
synthesis transform stages are the stages required for a 2" order transposer. Since the QMPE)based harmon
transposgr does not feature signal adaptive frequency domain oversampling, the corresponding flag in th
bitstream is ignored.

CDOQ.('D.

In case |of sbrPatchingMode[ch] == 1 or harmonicSBR == 0 SBR patching“as described in ISO/IE
14496-312009, 4.6.18.6.3 is performed.

C)

The varigble numPatches and the array xOverQmf of maximum 4 eleménts are calculated according to th
pseudo ¢ode of Figure 7, where fraperign, Fravierows NHign and Ny, are 'defined in ISO/IEC 14496-3:2009 an
according to:

[oNN())

xOyerQmf = & -XOverBin.

[fftSizeSyn

A compléx output gain value is defined for all synthesis' subbands by

exp| —jzr 8 (k+1) ], xOverQmf (0) < & < xOverQmf (1)
Q(4) =40.7071-exp[ —jz 3 (k+1)], xOverQmf (1) < k < xOverQmf (2)
2-exp[—jm 3 (k+ D xOverQmf (2) < k < xOverQmf (3)

The corq coder time-input-signal)is transformed to the QMF domain, using blocks of coreCoderFramelLeng
input samples. To save computational complexity, the transform is implemented by applying a critical
samplind processing (descfibed in 7.5.4.2) on the subband signals from the 32-band (coreCoderFramelLeng
of 768: 24-band) analysis-QMF bank that is already present in the SBR tool.

Let the 32-band (coreCoderFrameLength of 768: 24-band) QMF domain signal for the current frame be give
by the |matrix (m k) with time subband samples m =0,1,---,31 and subbands k=0,1,---,3

(coreCoderFramelLength of 768: k=0,1,---,23 ). The critical sampling processing transforms the matr

Low

XLow(m,k) into new QMF submatrices I'(z,n) with doubled frequency resolution with the subband samples
u#=0,1,---,15 and subbands n=2%k,,--- 2%k, +2*M_—1 (see 7.5.4.2).

The given QMF submatrices ['(z,n) are operated by the subband block processing with time extent of

twelve subband samples at a subband sample stride equal to one. It performs linear extractions and nonlinear
operations on those submatrices and overlap-adds the modified submatrices at a subband sample stride
equal to two. The result is that the QMF output undergoes a subband domain stretch of a factor two and
subband domain transpositions of factors 7/2 = 1, 3/2, 2. Upon synthesis with a QMF bank of twice the
physical subband spacing as the transposer analysis bank, the required transposition with factors T =2, 3, 4
will result.
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In the following, the nonlinear processing of a single submatrix of samples will be described. The variable
u=0,1,2,... denotes the position of the submatrix. For notational purposes, this index will be omitted from

the variables as it is fixed and it is practical to use the following indexing of the submatrix.

B(m,n)=T'(m+6+u,n), m=-6,....5 n=0,....,2M¢ 1.

The output of the nonlinear modification is denoted by Y (m, k) where m =—6,...,5 and xOverQmf(0) < k <

xOverQmf(numPatches). Each synthesis subband with index k is the result of one transposition order and as

iIU plUbCDDillg ib b“g;ltiy diﬁClUllt UIUIJUI |u'i||g VTl til;b Uldcl, ti 1< tillvc LdotCo VVi“ IUU CUI Ib;UICIUd o
below. A common feature is that analysis subbands with indices approximating 2k /T are chosen.

Hor xOverQmf(0) < k < xOverQmf(1), where 7=2
A block with time extent of ten subband samples is extracted from the analysis band »=2k /T =k,
X(m,k)=B(m, k), m=-5,...,4

Tlhe QMF samples are converted to polar coordinates as

¢(m, k)= L{ X (m,k)}
r(m, k) =|X(m,k)

—]

he output is then defined for m = -5,...,4 by

YO (m, k)= k) (0.5 ™" rlm, k)" exply - (T =1)- (0.5) + glom. k)]

Q

nd Y(z)(m,k) is extended by zeros for me{—6,5} . This latter operation is equivalent to a

<

indowing with a rectangular window of-length ten.

m

or xOverQmf(1) < k < xOverQmf(2), where 7=3

C

efine the analysis subband)index 7 as the integer part of 2k /T =2k /3 and define another
subband index n =7+ x where

1 keBZ +1
K= where Z, denotes the positive integer set.

0 else

>

block with'time extent of eight subband samples is extracted for v =n, 7,

X(m,v)=B@Bm/2,v), m=-4,...3.

eparately

synthesis

analysis

Here the non-integer subband sample entries are obtained by a two tap interpolation of the form
B(u+0.5,v)=h,(vV)B(u,v)+hv)B(u+1,v)

with the filter coefficients defined for v =n,nand £ =0,1 by

h,(v) =0.56342741195967 -exp| j(-1)* (v +3) |.
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The QMF samples are converted to polar coordinates for v =n,n as

$(m,v)=2Z{X(m,v)}
r(m,v)=|X(m,v)

The output is then defined for m =—4,...,3 by

N

(Z=w () () exp[ 7 (T =1 (0 F plm.n)) [+
K-r(O,n)H/T -r(m,ﬁ)w -exp[j-((T—l)-¢(O,n)+¢(m,ﬁ))] }

L

YO (m, k) = Q(k)%

and Y(S) m,k) is extended by zeros for m € {—6, —5,4,5} . This latter operation is equivalent.to"a synthesis

windowing with a rectangular window of length eight.

For xOverQmf(2) < k£ < xOverQmf(3), where T=4

[2)

Define the analysis subband index 7 as the integer part of 2k/T =k/2Cand define another analys
subband|index 7n according to

A block With time extent of six subband samples is extracted\for'v = n, 7,
X(m,v)=B(2m,v), m=-3,...,2

The QMK samples are converted to polar coordinates as

d(m,v)=Z{X(m,v)}
m,v) =|X(m,v)

7

A~

The output is then defined for iz = —3,...,2 by

Y. k)= Q)50 ™" - r(m. )" expl - (7 1) 9(0.7)+ (m. )}

and Y m,k) is-extended by zeros for m e{—6,—5,—4, 3, 4,5}. This latter operation is equivalent to @
synthesi$ windowing with a rectangular window of length six.

Next, the addition of cross products is considered. For each k& with xOverQmf(0) <k <
xOverQmf(numPatches), a unique transposition factor 7’ =2, 3,4, is defined by the rule xOverQmf(T-2)

< k <xOverQmf(T-7). A cross product gain €. (m,k) is set to zero if the cross product pitch parameter

satisfies p <1. p is determined from the bitstream parameter sbrPitchinBins[ch] as

p =sbrPitchInBins[ch]/12
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If p=1, then Q. (m,k) and the intermediate integer parameters (k) , u,(k), and t(k) are defined by
B(0,n,)}

b

the following procedure. Let M be the maximum of the at most 7 —1 values min {|B(O, n,)

where

2k+1—-tp

— n, is the integer part of and n, 20;

SRt T — ' DAL
— ”2 1S T 1IMeycr palrt Ul ”1 - U diid H2 ~ LlVlS B

{M< |B(O, ,u(k))|, where u(k) is defined as the integer part of 2k /T , then the ¢cross’ product afidition is

Q

anceled and Q. (m,k):O. Otherwise, #(k) is defined to be the smallest) #=1,...,7 —1 for which
in {|B(0,n,)
maximizing pair (n,,n,). Two downsampling factors D, (k) and D,(k).'are determined from the yalues of

1 and t(k) as the particular solutions to the equation (7 —t(k))B, +#(k)D, =T/2 that are givgn in the
following Table:

B(O,n2)|}:M and the integer pair (,ul(k),,uz(k)) is<{defined as the corregponding

b

Table 114 — Downsampling factors

T | k) | Dak) | Dy(k)
2 [ 1 0 1

3 | .1 0 15
32 | 15 0

4 1 0 2

4] 2 0 1

41 3 2 0

W the cases where p >1 and'M > |B(0, ,u(k))| the cross product gain is then defined by

Qc<m,k>=<7-T>-Q<k>exp[_mpw(

Dz(k)—Dl(k))m}, m=-1,0.

Tlwo blocks with time extent of two subband samples are extracted according to

[Xi6m) = B(Dy(eym, 1,(8)) |
LXz(m) = B(Dz(k)maﬂz(k))J

m=-—10

where the use of a downsampling factor equal to zero corresponds to repetition of a single subband sample
value and the use of a non-integer downsampling factor will require the computation of non-integer subband
sample entries. These are obtained as previously by a two tap interpolation of the form

B(u+0.5,v)=h,(v)B(u,v)+h)B(u+1,v)

with the filter coefficients defined for v = g, (k), 1, (k)and £ =0,1 by
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h,(v) =0.56342741195967 - exp| j(-1)* £(v + 1) |.

The extracted QMF samples are converted to polar coordinates

{czﬁ,-(m) = Z{X,(m)}
r.(m)=|X,(m)|

}, i=1,2, m=-10

The cros

v

and YéT)

The trangposition outputs are added to form the combined QMF output

Y, (

and

The com
0(2

and

7.54.2

7.54.2.1

The stra
(coreCoq
subband
sampled
analysis
complex
frequend
where th

prnrh et term-is thaen compl iHed - as

1~t(k)/T

(m, k) = Q (m,k)-r, (m) i ()" exp| (T =1(k) ¢y (m) +1(k) 6, (m)) ], co=-

(m,k) is extended by zeros for m € {—6, -5,-4, —3,—2,1,2,3,4,5} .

numPatches+1
Vn,k)z Zt: (y(T)(m,k)+YC(T)(m,k)) form = —6,-5,---,5,

T=2
for xOverQmf(0) < k < xOverQmf(numPatches), and Vu, u € Ny

bined QMF outputs are finally superimposed using overlapradd:

715
u+m+6,k)= Zz{_v+m(m+2~v,k),for -6Em<-5,
v=0

1
3
for xOverQmf(0) < k < xOverQmf(numPatches), and7p, =12/2—-1=5.

Sub-sampled Filter Banks for QMF Critical Sampling Processing

General

itegy behind critical (sampling processing is to use the subband signals from the 32-ban
erFrameLength of 768: 24-band) analysis QMF bank already present in the SBR tool. A subset of th
5 covering the source range for the transposer is synthesized to the time domain by a small suk
real-valued QMFE/ bank. The time domain output from this filter bank is then fed to a complex-value

ty as only the relevant source range is transformed to the QMF subband domain having double|
y resolttion. The small QMF banks are obtained by sub-sampling of the original 64-band QMF ban}
b prototype filter coefficients are obtained by linear interpolation of the original prototype filter.

QMF bank of twice the filter bank size. This approach enables a substantial saving in computationa

d
e

d

d

’

The processing of the real-valued synthesis QMF bank is identical to the processing in the FFT base
transposer outlined in 7.5.3.3, but is repeated here for completeness.

d

The processing of the sub-sampled filter banks are described in the flowcharts of Figure 10 and Figure 11.

First, the

120

following variables are determined

MS = 4 ’ ﬂOOI' {(fTahleLow(O) + 4)/8 + 1}
k, =startSubband2kL(f,,,,..(0))
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where Ms is the size of the sub-sampled synthesis filter bank and k; represents the subband index of the first
channel from the 32-band (coreCoderFramelLength of 768: 24-band) QMF bank to enter the sub-sampled
synthesis filter bank. The array startSubband2kL is listed in Table 115. The function floor{x} rounds the
argument x to the largest integer not greater than x, i.e. rounding towards —«. When

coreCoderFrameLength = 768 samples and k, + M > 24, k, is calculated as k, =24—-M ;.

Table 115 — y = startSubband2kL(x)

x101112/3/4/5/6/7/8191101112/11311415/16/17/{1819(20/121/2223124/2526/27/28/29 30|31|32
y|0|/0|0|0|0|0|0|2]|2|2]|4|4|4|4|4|6|6|6|8|8|8]|8|8|10/10{10{12{12|12|12{12|12|12

7.5.4.2.2 Real-valued Sub-sampled MS-channel Synthesis Filter Bank

— A set of Ms real-valued subband samples are calculated from the Ms new complex-valued subband
samples according to the first step of Figure 10 as

Vik—k,) = Re{xm(k)-exp(i%[h ‘WJ}" ek, + M,

In the equation, exp() denotes the complex exponential function, 7 is the imaginary unit and k; is defined
in7.54.21.

—+ Shift the samples in the array v by 2Ms positions. The.oldest 2Ms samples are discarded.

—+ The Ms real-valued subband samples are multiplied by the matrix N, i.e. the matrix-vector product N-V is
computed, where

1 [ﬁ-(k+0.5)-(2-n—MS)j {Osk<MS

N(k,n) = -COS
M 280, 0<n<2M,

S
The output from this operationis stored in the positions 0 to 2Ms-1 of array v.
—+ Extract samples from'v_according to the flowchart in Figure 10 to create the 10Ms-element array g.

—+ Multiply the samples of array g by window c; to produce array w. The window coefficients ¢; are [obtained
by linear interpOlation of the coefficients ¢, i.e. through the equation

cn)= p(n) c(u(n)+1)+(1- p(n)) c(u(n)), 0<n<10M;

where 1(n) and p(n) are defined as the integer and fractional parts of 64-n/Mg, respectiyely. The
window coefficients of ¢ can be found in Table 4 A.89 of ISO/IEC 14496-3:2009

— Calculate Ms new output samples by summation of samples from array w according to the last step in the
flowchart of in Figure 10.
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7.54

2.3

Complex-valued Sub-sampled 2M-channel Analysis Filter Bank

— Shift the samples in the array x by 2Ms positions according to the first step of Figure 11. The oldest 2Ms
samples are discarded and 2Ms new samples are stored in positions 0 to 2Ms-1.

— Multiply the samples of array x by the coefficients of window ¢,;. The window coefficients ¢,; are obtained
by linear interpolation of the coefficients ¢, i.e. through the equation

¢, (m) = p(n) c(p(n)+1)+(1-p(n)) c(u(n)), 0<n<20M;

whe

wind

—  Sum

— Calg

122

M

~

In th

[0)

e u(n) and p(n) are defined as the integer and fractional parts of 32-n/M, respectively\Th
pw coefficients of ¢ can be found in Table 4.A.89 of ISO/IEC 14496-3:2009.

c

the samples according to the formula in the flowchart in Figure 11 to create the 4Ms-element array

ulate 2Ms new complex-valued subband samples by the matrix-vector multiplicationM-u, where

i~7r-(k+0.5)~(2-n—4-MS)J {OSk<2MS

,n) =exp
4M 0<n<4M;

e equation, exp() denotes the complex exponential function, and/i.isthe imaginary unit.
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Start
( for QMF subsample |)

.

for( k = ki; k < ki+Ms; k++) {

}

VIk-ki] = Real{ XLowlK][l] * exp(i* m /2 * (k.- (k +0.5)* 191/64 )}

l

for(n =20*Ms-1; n >= 2*Ms; n--) {
v[n] = v[n = 2*M5]

v

for(n=0;n<2*Ms; n++) {
v[n] = V[0]/ Ms* cos(n/ (4*Ms)*(2*n-Ms))

for(k =1; k < Mg; k++) {

v[n] = v[n] + VK] / Ms * cos( nt / (2*Ms) * (k + 0.5 ) * (2 * /M3 ) )

for(n=0;n<=4;n++){

for( k = 0; k < Mg; k++) {
gl2 * Ms*n +K]
g[2*Ms*n+ Ms +K]

}

v[4 * Ms $n.+K]
V[4 * Men + 37 Mg + k]

}

for(n =0;n < 10*Ms; n+éF){
w[n] = g[n] * ci[n]

}

for(k £ 0 k < Mg; k++) {
temp = wlk]
for(n=1;n<=9; n++){

temp = temp + w[Ms*n + K]

}
nextOutputAudioSample = temp

}

< Done

)

Figure 10 — Flowchart of real-valued sub-sampled Ms-ch synthesis QMF bank
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124

< ( for QMF subsample | )

Start

) J
for( n = 20*Ms1; n >= 2*Ms; n--) {
X[n] = x[n - 2* M4
}
) J
for(n=2*Ms1;n >=0; n--) {
x[n] = nextlnputAudioSample
}
\ 4
for(n =0; n <20*Ms; n++) {
z[n] = x[n] * cz(n]
/
for(n =0; n < 4*Ms, n++) {
u[n] = z[n]
for(j=1;j<=4;j++){
uln] = uln] + z[n +j* 4*Mg;
}
) J

for( k = 0; k < 2*Ms;, k++){

for( n =1; n <4*Ms, n++) {
BIKIIN =BIK][ +

BIKI[I] = u[0] * exp( -i * #(k+0.5) )

ufi]exp( i * 7(4* Mg)*(k+0.5)*(2*n-4*Ms) )

C

Done

)

Figure 11 — Flowchart of complex-valued sub-sampled 2Mgs-ch analysis QMF bank
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7.5.5 4:1 Structure for SBR in USAC

7.5.5.1 General

When the core-decoder operates at low sampling rates, the SBR module as described in

2012(E)

ISO/IEC

14496-3:2009, 4.6.18, which is designed as 2:1 system, i.e. SBR runs at twice the core-coder sampling rate,
can be operated as 4:1 system, i.e. SBR runs at fourfold the core-coder sampling rate. This overcomes the
inherent limitation of the 2:1 system concerning the flexibility of the output sampling rates so that a high output

audio bandwidth can be achieved even at low sampling rates.

7.5.5.2 Modifications and additions to the MPEG-4 SBR tool
When the SBR tool operates in 4:1 mode, the definition of the constant rate found in ISO/IECA14496¢-3:2009,
4.6.18.2.5 is modified to the following:
RATE =4 A constant indicating the number of QMF subband samples per timesgot
The definition of the variable Fsspr found in ISO/IEC 14496-3:2009, 4.6.18.2.6 is_modified to the following:
Bsgpr internal sampling frequency of the SBR Taool:'If the SBR tool is operated in 4:1
mode, Fssgr is four times the sampling-frequency of the core coder (dfter
sampling frequency mapping, Table 79). The sampling frequency of the SBR
processed output signal is equal {0 the internal sampling frequency of| the
SBR Tool.
Tlhe master frequency band table for the 4:1 SBR system\is calculated according to the instructigns given
im 7.5.1.2 and ISO/IEC 14496-3:2009, 4.6.18.3.2. However, the boundaries of the table are derived ysing half
the SBR sampling frequency and half the number of QWMF subbands. Therefore, the subband represgnting the
Ipwer frequency boundary of the master frequency band table %, is determined by:
k, = startMin + offset(bs _start _ freq)
with
FSgpp
[-8,-7,—6,-5,-4,<3;~2,—-1,0,1,2,3,4,5,6,7] ,—=* =16000
Fsgpp
[-5,-4,-3,42:1,0,1,2,3,4,5,6,7,9,11,13] ,T =22050
FS gpr
[-5,43.-2,—-1,0,1,2,3,4,5,6,7,9,11,13,16] ,T = 24000
FSgpp
offset =%[+6,-4,-2,-1,0,1,2,3,4,5,6,7,9,11,13,16] ,T =32000
Fsgpp
[-1,0.1,2,.3.4,5.6,7.8.9.11,13,15,17.19] .— =40000
2
F.
[4,-2,-1,0,1,2,3,4,5,6,7,9,11,13,16,20] ,44100 < % <64000
Fsgpp
[—2,-1,0,1,2,3,4,5,6,7,9,11,13,16,20,24] ,T > 64000
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startMin =

The upppr frequency boundary of the master frequency band table k, is determined according to ISO/IE
2009, 4.6.18.3.2 as

14496-3

] in(64, stopMin +

bs _stop _ freq—1

Z stopDkSort(7)

i=0

NINT| 3000 LSsr 39000
Fsgpe 2

2

NINT| 4000 - /F64 5 32000 < 58 < 64000
2 )
NINT| 5000 %% 64000 < L Ssae
Fs e 2
2

j L0<bs stop freq<14

C)

k, =<min(64,2 - k,) ,bs _stop \freq =14
n]in(64,3 - k,) ,bs _stop  freq =15
but with[the following modification to stopMin:
NINT] 6000. —22 s 32000
Fsgpe 2
(%5
stopMin =< NINT 8000-L ,32000 < Fsor < 64000
FSgp
2
N BN 64 ) oo FSep
NINTTTO606 S6A000=
SsBR 2

stopDkSort = sort(stopDk)

stopDk(p) = NINT| stopMin (

126

_ 4
stopMin

iass

13
j — NINT| stopMin (

13
— 110
stopMinj

64
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Fs
For all other sampling rates ZSBR , the mapping as defined in 7.5.1.2 shall be applied to build the master

frequency table.

In case bs_ freq scale>0 the master frequency band table, f,, . , is calculated according to the

flowchart in Figure 12.

( Start )

Input variables
temp1={12,10,8}
bands = temp1[bs_freq_scale-1]
temp2 ={1.0,1.3}
warp = temp2[bs_alter_scale]

i True (kO < bands )

False

bands = floor( k0 /2)* 2

e

( True (k2 /1 kO=2.2449) False T

twoRegions = 1 twoRegions = 0
k1=2*k0 k1 =k2

%?Q

further processing according to instructions
from Figure 4.40 of ISO/IEC 14496-3:2009

:
( Dore )

Figure 12 — Flowchart calculation of fMasterfor 4:1 system when bs_freq_scale > 0

he_following requirements found in ISO/IEC 14496-3:2009, 4.6.18.3.6 are adapted to the 4:1 sy

—

own here:

— The number of QMF subbands covered by SBR, i.e. k, — k, shall satisfy

ky—ky <56 ,Fsg, < 64kH:z

Fs
— The start frequency border of the SBR range shall be within %, ie. k <16
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When the SBR module is operated in 4:1 mode, the 32 band QMF analysis filterbank from ISO/IEC

14496-3:

2009, 4.6.18.4.1 is replaced by a 16 band QMF analysis filterbank. This QMF bank is used to split the

time domain signal output from the core decoder into 16 subband signals. The resulting subband samples are
complex-valued and thus oversampled by a factor of two compared to a regular QMF bank. The flowchart of
this operation is given in Figure 14. The filtering involves the following steps, where an array x consisting of

160 time

domain input samples is assumed. A higher index into the array corresponds to older samples.

— Shift the samples in the array x by 16 positions. The oldest 16 samples are discarded and 16 new

sam

ples are stored in positions 0 to 15.

— Multiply the samples of array X by every fourth coefficient of window ¢. The window coefficients can |be

foun

—  Sum

— Calg

In th

Every execution in the flowchart from “Start” do “Done” produces 16 complex=valued subband samples, eac

represen
numTin|

length n
subband

Figure 1
trFgen SU
The resu
calculate
The prog
dashed |

Due to th
from ISC

to an upper limit of numTimeSlots: RATE+12-1 (as opposed to numTimeSlots: RATE+6-1).

d in Table 4.A.89 of ISO/IEC 14496-3:2009.
the samples according to the formula in the flowchart to create the 32-element array u.

ulate 16 new subband samples by the matrix operation Mu, wherge
i-m-(k+0.5)-(2-n~025) {Osk<16

32 j 0<n<3}
e equation, exp() denotes the complex exponential function and i is the imaginary unit.

M(k,n)=4- exp(

h
ting the output from one filterbank subband. For every SBR-frame, the filterbank will produce
eSlots - RATE subband samples for every subband, corresponding to a time domain signal ¢f

F

umTimeSlots - RATE -16 samples. In the flowchart WIK][l}.corresponds to subband sample | in QM
k.

B (a) shows the timing of the analysis windowing. The output from the analysis QMF bank is delaye
bband samples, before being fed to the synthesistQMF bank. To achieve synchronization tyrge, = 14
Iting subband samples are shown in Figure 43 (b) as the upper dashed block. The HF generatq
s Xuign given the matrix X.,, according to-the scheme outlined in ISO/IEC 14496-3:2009, 4.6.18.6.
ess is guided by the SBR data contained-in the current SBR frame. The result is illustrated by th
lock in Figure 13 (b).

S5

[0

e modified buffer management in the SBR 4:1 system, the calculation of the covariance matrix, ¢(i,
/IEC 14496-3:2009, 4.6.18.6.2'shall be modified such that in the equation the index » of the sum run

[

128
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160 samples
numTimeSlots - RATE - 1

N J

. 1'\ I core coder samples | \! core coder signal >
0 144 512 1024 1168 (frame size 1024)
(a) 4:1 system core coder signal QMF analysis windowing
tHFGen QMF analysis subband samples buffer, X{ ow

| / numTimeSlots - RATE — 1 + 14

0 14 *

| | QMF filtered samples |

02

| | HF generated samples (FIX-FIX frame) | |

—| |- \

thiragj numTimeSlots - RATE — 1 72

HF generator subband samples buffer, XHigh

(b) 4:1 system subband samples buffers, X, and Xy;g;

Figure 13 — Synchronization and timing in the 4:1 system
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Start
( for QMF subsample | )

for(n =159; n >=16; n--) {
X[n] = X[n-16]

}

for(n=15;n>= 0; n--){
x[n] = nextlnputAudioSample

}

for( n = 0; n <= 159; n++) {
z[n] = x[n] * c[4*n]

}

for (n=0;n<=31; nt+) {
uln] = z[n];
for(j=1;j<=4;j++){
uln] = u[n] + z[n +j * 32];

}

}

v

for (k=0; k<= 15; k++) {
WIK][I=u[0] *4 *exp(i*n/32*(k+0.5)*(-0.25))
for(n=1; n<=31%,.n++) {
WIK][I] = WIKIH] + u[n] *4 *exp(i*n/32*(k+05)*(2*n-0.25))
}
}

5 )

Figure 14 — Flowchart of 4:1 system decoder analysis QMF bank
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7.5.5.3 Modifications and additions to DFT based harmonic SBR

2012(E)

When the SBR 4:1 system is combined with harmonic transposition, the synthesis DFT size of the modified
phase vocoder structure as described in 7.5.3.1 is increased by a factor of 2 without altering the frequency bin
spacing of the DFT synthesis filterbank. This way the output signal of the transposer has a sampling rate
which is four times that of the input signal, enabling harmonic transposition beyond the Nyquist frequency of
the 2:1 system.

Therefore, for each frame (corresponding to coreCoderFramelLength core coder samples), the synthesis
transform size of the transposer is first determined by:

v
t

O QO QO QO = o I

= T

2048, for sbrOversamplingFlag[ch] =0

tSizeSyn =2 - fftSize =
JjiSizeSy stz {3072, for sbrOverSamplingFlag|ch] =1

here sbrOversamplingFlag[ch] is signaled in the bitstream and fftSize is defined in\#5.3.1. This
ne transform size actually used in the transposer synthesis if critical sampling, iS deactivated, i

M =16 and M, = 64. The variables Ms and M, are defined in 7.5.3.3.2 and 7.5.3:3.3 respectively.

s critical sampling is active, blocks of 64-Ms windowed input samples (corresponding to 1024 cg
amples), using a hop size (or stride) of 8-Ms samples (corresponding-to 128 core coder sam
ansformed to the frequency domain by means of a DFT of size 64-Ms or 96-Ms depending on t
daptive frequency domain oversampling control signal. The phases)of the complex-valued DFT co
re modified as described in 7.5.3.1. The modified coefficients afe’subsequently transformed back tg
omain by means of a DFT of size 32:-M, or 48-M, = 1,5-32/M,, windowed and combined by 1
verlap-add using an output timestride of 8-M, samples (corresponding to 512 decoder output sample

or each frame (64-Ms time domain input samples);, the analysis transform size S, and the
ansform size S used by the transposer is determined by

S =fftSize- M ; /16
nd
S = fftSizeSyn-M , /64
here fftSize is defined in 7.6.3.1.

he variable numPatehes and the array xOverBin are calculated according to the pseudo code of H
br the maximum,-number of patches, where frapenign, fravierows NHign and Ny, are defined in
4496-3:2009, 4:6,48.3.2. For each transposition factor (T = 2, 3, 4), a frequency domain window
lements is créated according to the instructions given in 7.5.3.1.

vould be
e. when

re coder
bles) are
he signal
efficients
the time
neans of
s).

synthesis

igure 15,
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sfbL=0, sfbH=0, numPatches=3
for patch=1to 6
while (Sbe <= NLOW) && (fTableLow(Sbe) <= patch*frab,eLOW(O))
sfbL = sfbL+1
end
if (sfbL <= Niow)
if (patch*fTableLow(O)'fTabIt-:'LoW(SfbI—'1 )) <=3
xOverBin(patch-1) = NINT( ftSizeSyn*frapierow (STOL-1)/128 )
else
while (sfbH <= Nyign) && (Frapierign(sfoH) <= patch*frapierign(0))
sfbH = sfbH+1
end
xOverBin(patch-1) = NINT( fftSize Syn*frapierign (sfoH-1)/128 )
end
else
xOverBin(patch-1) = NINT( fftSize Syn*frapieLow (NLow)/ 128 )
numpPatches = min(patch—1,3)
break
end
end

Figure 15 — Calculation of xOverBin and numPatches for 4:1 system

The time{ domain transform windows are given by

. T
0] = —— . m+05),0<n<64-M
aws%MMm ﬂ n ;

S.

For the gnalysis transform and

. T
(OF (l’l) S SIH(W . (l’l + OS)j,O <n<32 'MA

A

For the synthesis transform.

The following variables/from 7.5.3.1 are set

pa=(S,~64-M)/2
ps=(8;-32-M,)/2
0, =81,

0, =8-M,

A, =k, - ffiSize/16
A =k, - fftSize/32

where p, and ps are the analysis and synthesis zero pad sizes, 0, and o, are the input and output hop

lengths in samples, and A and A_ are analysis and synthesis transform offset variables respectively. An
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input frame consists of 8 granules (64-M)/0,. The index u depicts the current granule (ueNp). One

granule y, is calculated from the input signal as

0 0<n<p,
v,(n)=qs(n+6,-u)-w,(n-p,) ,p,<n<p,+64-M;
0 p,+64- M, <n<S,

he granule is processed according to 7.5.3.1, i.e. time-domain shifted S./2 samples, transformed to the
frequency domain and conversion of the DFT coefficients to polar coordinates.

ubsequently, for each transposition factor 7 =2,3,4 for which T < numPatches +1, @ new granule of

spectral coefficients T'is calculated according to the formula in 7.5.3.1 for 0 <K< ffiSizeSyp/2 and

| E,T) (k) = conj {I:E,T)( fftSizeSyn — k)} , fitSizeSyn /2 <k < [ftSizeSyn .

he remaining processing steps are carried out according to the instructionsygiven in 7.5.3.1.

I{ the SBR stop frequency exceeds the maximum output bandwidth ¢f the harmonic transposer the remaining
handwidth up to the SBR stop frequency is filled with copies of consecutive QMF subbands from th¢ highest
grder harmonic patch starting with the highest QMF band. If mecessary this operation is repeated fo fill the
desired frequency range. These patches also need to be considered in the calculation of the limiter ffequency
hand table.

.5.5.4 Modifications and additions to Sub-sampled Filter Banks for HQ Critical Sampling
rocessing

he critical sampling processing as outlined-in 7.5.3.3 in the SBR 4:1 system is adapted to synthesize a
subset of the subband signals from the \16:band analysis QMF bank to the time domain by a small sub-
sampled real-valued QMF bank.

he variables Ms and k; for the real-valued sub-sampled Ms-channel synthesis filter bank are deterinined as

described in 7.5.3.3.2, where Mg is the size of the sub-sampled synthesis filter bank and k; represents the
subband index of the first channel from the 16-band QMF bank to enter the sub-sampled synthesis filfer bank.

&k, + Mg >16, wherd Ms and k are calculated to these formulas, k; is calculated as k, =16—M .

Apart from that, the-processing of the real-valued sub-sampled synthesis filter bank is carried out as described
in7.5.3.3.2.

he processing of the complex-valued sub-sampled Ma-channel analysis filter bank is performed acgording to
the instructions given in 7.5.3.3.3.

When the SBR 4:1 system is combined with the QMF based harmonic transposer as described in 7.5.4,
harmonic bandwidth extension of the core-coder time-domain-signal is carried out entirely in the QMF domain,
using a modified phase vocoder structure.

The variable nhumPatches and the array xOverQmf are calculated according to the pseudo code of Figure 16

for the maximum number of patches, where frapenign, fraerows Nuign and Ny, are defined in ISO/IEC
14496-3:2009.
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sfbL=0, sfbH=0, numPatches=3
for patch=11t0 6
while (sfbL <= Nj o) && (frapiecow(SfbL) <= patch™frapieLond0))
sfbL = sfbL+1
end
if (sfbL <= Niow)
if (patch*fTableLow(O) - fTableLow(Sbe-'1 )) <=3
xOverQmf(patch-1) = frapeLow (SfbL-1)

else
while: (SfbH <= NHigh) && (fTableHigh(SfbH) <= patch*frab/eH,-gh(O))
sfbH = sfbH+1
end
x0veerf(patch-1 ) = fTabIeHigh (SfbH-1 )
end
else
xOveerf(patCh-1) = frapleLow (NLOW)
numPatches = min(patch—1,3)
break
end
end

Figure 16 — Calculation of xOverQmf and numPatches for 4:1 system

A compléx output gain value is defined for all synthesis subbands according to 7.5.4.1.

The core
input sa
sampling
is alread

Let the
subband

the matr
subband

The givel
instructid

coder time-input-signal is transformed to thea@MF domain, using blocks of coreCoderFramelLeng

mples. To reduce computational complexity, the transform is implemented by applying a critic
processing (described in 7.5.4.2) on the 'subband signals from the 16-band analysis QMF bank th
y present when the SBR tool is operated-as 4:1 system.

16-band QMF domain signal for.the current frame be given by the matrix XLOW(m,k) with tim
samples m =0,1,---,63 andysubbands £ =0,1,---,15. The critical sampling processing transform
X XLow(m,k) into new, @MVF submatrices I'(x,n) with doubled frequency resolution, where th
samples y = 0,155+ ,31 andsubbands n=2%*k,,---2%k, +2*M_—1 (see 7.5.4.2).

n QMF submiatrices ['(u,n) are operated by the subband block processing according to the
ns givensint7.5.4.1, whereupon the cross product pitch parameter is determined from the

bitstream parameter sbrPitchinBins[ch] as

p = sbrPitchInBins[ch]/24

e

[

[2]

If the SBR stop frequency exceeds the maximum output bandwidth of the harmonic transposer the remaining
bandwidth up to the SBR stop frequency is filled with copies of consecutive QMF subbands from the highest
order harmonic patch starting with the highest QMF band. If necessary this operation is repeated to fill the
desired frequency range. These patches also need to be considered in the calculation of the limiter frequency

band tab
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7.5.5.6 Modifications and additions to Sub-sampled Filter Banks for QMF Critical Sampling
Processing

2012(E)

The critical sampling processing as outlined in 7.5.4.2 in the SBR 4:1 system is adapted to synthesize a
subset of the subband signals from the 16-band analysis QMF bank to the time domain by a small sub-

sampled real-valued QMF bank.

The variables Ms and k; are determined as described in 7.5.4.2.1, where My is the size of the sub-sampled
synthesis filter bank and k; represents the subband index of the first channel from the 16-band QMF bank to

enter the sub-sampled synthesis filter bank.

Hurthermore, if k, + M > 16, then k_ is calculated according to k, =16 M.

Q

omplex-valued sub-sampled 2Ms -channel analysis filter bank are performed according to the ing
diven in 7.5.4.2.2 and 7.5.4.2.3 respectively.

7.5.6 Predictive Vector Coding (PVC) Decoding Process

7.5.6.1 Overview

n order to improve the subjective quality of the eSBR tool, in particular for speech content at low
redictive Vector Coding (PVC) is added to the eSBR tool. Gepérally, for speech signals, there is a
igh correlation between the spectral envelopes of low frequency bands and high frequency band
VC scheme, this is exploited by the prediction of the spectral envelope in high frequency bands
pectral envelope in low frequency bands, where the coefficient matrices for the prediction are ¢
neans of vector quantization.

o S V2 i w e s =l

he block diagram of the eSBR decoder including-the PVC decoder is shown in Figure 17. The anal
ynthesis QMF banks and HF generator remain unchanged, but the HF envelope adjuster is mc
rocess the envelopes generated by the, PVC decoder. The indices of the coefficient matrices

rediction, pvclD(t),t=0,1,2,...,15 are transmitted in the bitstream.

O T B -

Tlhe processing of the real-valued sub-sampled Ms-channel synthesis filter bank and the processing of the

tructions

bitrates,
relatively
s. In the
from the
oded by

ysis and
dified to
5 for the

© ISO/IEC 2012 — All rights reserved

135


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

Coded Audio Stream

y

Bitstream
— Paylobad ——
Deformatter .
AAC Core Bitstream
Decoder Unpacked Parser
Data for PVC Predicted
A 4 Envelope

»| PVC Decoder Scalefactors

7.5.6.2 | Terms and definitions, symbols and abbreviations

ksg

QMF subband
samples below

SBR range Huffman
Decoding &

Dequantization

| | )

Analysis Envelope ¢
QMF Bank Adjuster

4

» HF Generator >

Synthesis
QMF Bank

y

Output
PCM Samples

A,

Figure 17 — Block diagram of the decoder'including PVC decoder

index of time slot
index of QMF subband

number of QME'subband samples per time slot
index of thefirst QMF subband in the SBR range
offset-for the envelope adjuster module

offset for the HF-generation module

complex input QMF bank subband matrix to the HF generator

index of grouped QMF subband

pvelD(1)

prediction coefficient matrix index corresponding to ¢

H(ksg,kb, pvcID(t)) prediction coefficient matrix corresponding to pvelD(t)

E(k,t)
Esg(ksg,t)
Isb(ksg)
leb(ksg)

136

energy of QMF subband samples below the SBR range

subband-grouped energy below the SBR range
index of the start QMF subband in the grouped QMF subband below the SBR range

index of the stop QMF subband in the grouped QMF subband below the SBR range
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hsb(ksg) index of the start QMF subband in the grouped QMF subband in the SBR range
heb(ksg) index of the stop QMF subband in the grouped QMF subband in the SBR range
Ibw number of QMF subbands for a grouped QMF subband below the SBR range
hbw number of QMF subbands for a grouped QMF subband in the SBR range

SC coefficients for time-smoothing of Esg(ksg,t)

ns

I £ lodaf 4 o £ T L] £)
MUrTTocT UT UITIC STULS TUT UTTIC=oSITTIOULNTy Ul L“)s \nog,t}

YEsg(ksg,t) time-smoothed subband-grouped energy below the SBR range
Esg(ksg,t) predicted subband-grouped energy in the SBR range

1:7(](,1) predicted SBR envelope scalefactors in the SBR range
wbLow number of grouped QMF subbands below the SBR range
nbHigh number of grouped QMF subbands in the SBR range

7.5.6.3 Subband grouping in QMF subbands below SBR range

—

he energy of QMF subband samples below the SBR range, E(ib,t) is subband-grouped a
equency axis as follows:

—h

leb(ksg)
( ZE(ib,t)J
Esg(ksg,t) =00 J i®1sb(ksg) > 0
Ibw
0.1 otherwise
for
0<ksg <nbLow-1
Wwhere

RATE -1+t yrGen

ZXlow(lbaRATEt+l)X*low(lb,RATEt'i'l)

E(ibyf) = — e TR :

long the

Isb(ksg)=k_—Ibw-nbLow+Ibw-ksg,

leb(ksg) = Isb(ksg)+Ibw—1,
Ibw =8/ RATE , and

nbLow =3
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Then, the subband-grouped energy below the SBR range, Esg(ksg,t) is limited to a value not less than 0.1
as follows:

Esg(ksg,t)= {

for

0.1 if Esg(ksg,t)<0.1
Esg(ksg,t) otherwise

7.5.6.4

The sub
smoothe|

SES

with

where 7,
the prev
respectiy

7.5.6.5

The preg

index, pvcID(t) is applied to the “time-smoothed subband-grouped energy below the SBR rangg,

SEsg (ks

es

for

i {tEPVC (0) ,if t—ti <t,,,-(0) and ((bs_pvc _mode' =0 and-bs)pvc mode # 0) or (k. # k_))

<ksg <mbLow—1
Time domain smoothing of subband-grouped energy

band-grouped energy below the SBR range, Esg(ksg,t) is converted to log domain and the
H along the time axis as follows:

ns—1
g(ksg,t) = Z(IO -log,,(Esg(ksg,t,))- SC(ti)), for 0 < ksg < nbLow*l

ti=0

t—ti ,otherwise

o (0) is the first PVC time slot of the current PVE'SBR frame, bs_pvc_mode'is the PVC mode q
ous frame and k. is the index of the firstcSubband in the SBR range of the previous fram
ely and where SC is the smoothing window as defined in D.1.

SBR envelope scalefactor prediction

iction coefficient matrix, H (ksg,kb, pvclD(t)) that corresponds to the prediction coefficient matr

g,t) to get the predicted Subband-grouped energy in the SBR range, Esg(ksg,t) as follows:
nbLow=)
sg(ksg,t) = ( ZH (ksg,kb, pvcID(t)) - SEsg(kb, t)j + H (ksg,nbLow, pvclD(t))
kb=0

=h

X

<ksg < nbHigh—1

where

H (ksg, kb, pvcID(t)) is the prediction coefficient matrix as shown in D.2.

Then, the predicted subband-grouped energy in the SBR range is converted to the linear domain as follows:

E(k,t+%):lo 10

138

Esg(ksg.t)
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for

hsb(ksg) <k < heb(ksg), 0 < ksg < nbHigh—1
where

hsb(ksg) =k, +ksg-hbw,

if /(vg > nhHigh —1

(63
Teb(fsg) = ,
ebiksg) ihsb(ksg)Jrhbw—l otherwise

L 8/ RATE ,bs_pve_mode =1 g
= ,an
12/RATE  ,bs_pvc mode =2

) 8 ,bs_pvc_mode =1
nbHigh = -
6 ,bs_pvc_mode =2

7.6 Inter-subband-sample Temporal Envelope Shaping (inter-TES)

7.6.1 Tool Description

he inter-subband-sample Temporal Envelope Shaping (inter-TES) tool processes the QMF subband|samples
ubsequent to the envelope adjuster. This module, shapes the temporal envelope of the higher ffequency
and with a finer temporal granularity than that of the envelope adjuster. By applying a gain factof to each
DMF subband sample in an SBR envelope, ,inter-TES shapes the temporal envelope among the QMF
ubband samples. Figure 18 shows the inter-TES block diagram contained in eSBR.

O OO 0 -
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Figure 18 —linter-TES block diagram

7.6.2 Tlerms and definitions
bs_temp_shape[ch][envV] This flag signals the usage of inter-TES.

bs_intern_temp_shape_mode[ch][env] Indicates the values of the parameter y in inter-TES according to
Table 116.

Table 116 — bs_inter_temp_shape_mode

bs_inter_temp_shape_mode ¥
0 6
1 1.0
2 2.0
3 4.0

7.6.3 Inter-TES

Inter-TES consists of three modules: Lower Frequency Inter-subband-sample Temporal Envelope Calculator
(LF inter-TE Calculator), Inter-subband-sample Temporal Envelope Adjuster (inter-TE Adjuster), and Inter-
subband-sample Temporal Envelope Shaper (inter-TE Shaper).
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The LF inter-TE Calculator computes the inter-subband-sample temporal envelope of the lower frequency

band ¢, (i):

k-1

X

2
X, ow\ki+t,,., .
LOW( ! HFAd./X , RATE - tg(l) <i < RATE - tg(I+1), 0<[<Lpg,

E o (Z)+glNV

k=0

€Low (l) =

whete.

RATE -t (4114t gy e —1

2\ 2
2, 2 Xuon (k.7) 0</<Lg.

i=RATE -ty (I g *=0 )

Eyon(l)= (RATE -t .(I+1)— RATE -t (1))

X, ow is the complex QMF bank subband matrix that is input to the HF generator; £, is the first QMF [subband

in the SBR range, #4744 is the offset for the envelope adjuster module, gy is\the relaxation parameter (gny =
1E-6), t:(!) is the start time border for /-th SBR envelope, and L; is the number of SBR envelopes.

ned from

Arom the temporal envelope of the lower frequency band ¢, (z) and the factor x1), which is obtai
e higher

Tlable 116, the inter-TE Adjuster calculates the gains g,...(i) foxShape the temporal envelope of th
frequency band:

ginter(i) =1+ 'Y(l) (eLOW(i) - 1),
with RATE - tg(I) <i < RATE - tg(l+1),
0<I<Lg

Q

nd subject to the further constraint that g;,;.,(7) > 0.2 .

h order to maintain the total energy.within each SBR envelope, the gains g;,..,(i) are scaled as following:

RATEt; (I+1)—1 M -1

> 2 IW.m o)

'
N . E=RATEt;(I) m=0
ginter (l) - ginter (l) ' RATE t 5 (I+1)-1 M -1 ’

> g0 (O Wo(m, O + £,y

E=RATE -t (1) m=0

RATE -t,.(I)<i< RATE -t (I +1),0</< L,.

Tiheinter-TE Shaper applies the scaled gains g;...(i) to the QMF subband samples of the intermedialtte output
formthe HF adjuster W, which contains patched components and the additional noise:

—h

!

Wz,inter (m’l): ginter (l) W2 (m’ l)’ O < m< M’ RATE tE(O)S l < RATE .tE(LE)’

where M is the number of QMF subbands in the SBR range.

The higher frequency band of the input to the synthesis QMF bank Y(m+k,,i+tyr4;) is obtained by adding the
sinusoid W(m,/,i) to the output from inter-TES W, ;,..,(m,i):
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RATE -t,.(I)<i< RATE -t (I +1)

Y(m + k,\" l + tHFAdj ) = W2,inter (m’ l)+ \Il(m’ l’ l)’ 0 S Z < LE

0<m<M

7.7 Joint Stereo Coding

7.71 M/S Stereo

The M/S

The inte
4.6.8.1.2

ms_mask_present Indicates stereo mode according to:

772 @

7.7.21

Complex
between

the follov

This equ
signal s

rpretation of the ms_mask_present syntax element (originally defined in ISO/IEC 14496-3:2009,

stereo tool is defined in ISO/IEC 14496-3:2009, 4.6.8.1, but with the following modifications.

is modified as follows:

Table 117 — ms_mask_present

ms_mask_present Meaning

0 all zeros
1 a mask of max_sfb_ste bands of
ms_used.follows this field
2 all ones
3 M/S coding.is'disabled, complex stereo
prediction is enabled

omplex Stereo Prediction

Tool Description

stereo prediction is a tool for efficient coding of channel pairs with level and/or phase difference
the channels. Using a complex-valued parameter «, the left and right channels are reconstructed vi

ing matrix. dmx,  denotes the!MDST corresponding to the MDCT of the downmix channel dmx, .

[

dmxg,

l-ay, -a,,c
= dmx,
I+az, om~—1

m

res

ation can.be implemented via a sum/difference transform as shown in Figure 19 where first the sid
s being reconstructed from the complex-valued coefficient @ and the downmix signals dmx,, an

[o NN )]

dmx, .

s =res— (azRea’mee +a

142

dmxlm )

Im
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dmx g, /
> 07 * 1 > MDCT >
R21
S
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res S r
s| o g 7@ >| MDCE™
Figure 19 — Block diagram of the decoder with complex stereo prediction
7.7.2.2 Terms and definitions
7.7.2.21 Data Elements
gplx_pred_all Indicates if all bands use complex stereo prediction:
Table 118 — cplx_pred_all
cplx_pred_all Meaning
0 some bands use left/right coding, as
signaled by cplx_pred used[][]
1 all bands use complex stereo prediction
dplx_pred_used[g][sfb] One-bit flag per window group g and scalefactor band sfb (after mapping from
prediction bands) indicating that
Table 119 — cplx_pred_used
cplx_pred_used Meaning
0 left/right coding is being used
1 complex stereo prediction is being used
fgred_dir Indicates the direction of prediction according to:
Table 120 — pred_dir
pred_dir Meaning
0 prediction from mid to side channel
1 prediction from side to mid channel
complex_coef Indicates whether real or complex coefficients are transmitted.
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delta_cqde_time

hcod_alpha_q_re

hcod_alpha_gq_im

7.7.2.2.2l Help Elements

I_spec|]
r_specl]
dmx_re]]
dmx_re_prev]]

dmx_im][

Table 121 — complex_coef

complex_coef Meaning

0 a,,, = 0 for all prediction bands

a,,, is transmitted for all prediction
bands

Table 122 — use_prev_frame

use_prev_frame Meaning
0 use only the current frame for MDS{
estimation
1 use the current and previous framefor
MDST estimation

Indicates the coding scheme used for the prediction coefficients:

Table 123 — delta_code_time

delta_code_time Meaning

frequency differential coding of
prediction coefficients
time differential coding of prediction
coefficients

0

1

Huffman code of oy,

Huffman cede of ¢,

Array containing the left channel spectrum of the respective channel pair
Array containing the right channel spectrum of the respective channel pair
Array containing the current MDCT spectrum of the downmix channel
Array containing the previous MDCT spectrum of the downmix channel

Array containing the MDST spectrum estimate of the downmix channel

SFB_PER_PRED_BAND

dpcm_alpha_q_re[g][sfb]

dpcm_alpha_q_im[g][sfb]

alpha_q[g][sfb]
alpha_q_prev_frame[g][sfb]

144

Number of scalefactor bands per complex prediction band, equal to 2

Differentially coded real part of prediction coefficient of group g, scalefactor
band sfb

Differentially coded imaginary part of prediction coefficient of group g,
scalefactor band sfb

real or imaginary parts of prediction coefficients

real or imaginary prediction coefficients of previous frame
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7.7.2.3 Decoding Process

7.7.2.31 Generate MDST spectrum of downmix

Complex stereo prediction requires the downmix MDCT spectrum of the current channel pair and, in case of
complex_coef == 1, an estimate of the downmix MDST spectrum of the current channel pair, i.e. the imaginary
counterpart of the MDCT spectrum. The downmix MDST estimate is computed from the current frame’s
MDCT downmix and, in case of use_prev_frame == 1, the previous frame’s MDCT downmix. The previous
frame’s MDCT downmix dmx_re_prev[g][b] of window group g and group window b is obtained from that

frame’s reconstructed left and right spectra and the current frame’s pred dir indicator as follows:

flor (g = 0; g < num window_groups; g++) {
for (b = 0; b < window _group lengthl[g]; b++) {
for (sfb = 0; sfb < max_sfb ste; sfb++)
if (pred dir == 0) {
for (i = 0; 1 < swb offset[sfb+1]-swb offset [sfb]; i++) {
dmx_re_prev[g] [b] [sfb] [i] =
0.5* (1_speclgl [b] [sfb] [i]+r_spec (gl [b] [sfb] [i]) ;

}

}

else {
for (i = 0; 1 < swb offset[sfb+1]-swb offset[sfb]; if+)"{
dmx_re prev[g] [b] [sfb] [i] =
0.5*(1_spec (gl [b] [sfb] [i] -r_spec[g] [b] [sfb] [i]);

}

Tihe current frame’s MDCT downmix dmx_re[g][b] is.défived from the left/downmix and right spectrd
mverse L/R TNS filtering if tns_on_Ir == 1), the pred_dir indicator, and the cplx_pred_used[][] mask:

flor (g = 0; g < num window_groups; g++)*{
for (b = 0; b < window group lengthlgl]l; b++) {
for (sfb = 0; sfb < max_sfb ste} sfb++)
if (cplx_pred usedl[g] [sfb]C== 1) {
for (i = 0; 1 < swb _offset [sfb+1]-swb_offset [sfb]; i++) {
dmx_re[g] [b] [sfb] [i}= 1 speclg] [b] [sfb] [i];

/* 1 spec cont@ins downmix */

}
}

else {
if (pred _dik == 0) {
for (i+=_D; i < swb offset[sfb+1]-swb offset[sfb]; i++) {
dmxtre[g] [b] [sfb] [1] =
0)5* (1_spec (gl [b] [sfb] [i] +r_spec[g] [b] [sfb] [1]) ;
}
}

else {
for (i = 0; 1 < swb offset[sfb+1]-swb offset[sfb]; i++) {
dmx_re[g] [b] [sfb] [1] =
0.5*(1_spec (gl [b] [sfb] [i] -r_spec[g] [b] [sfb] [i]) ;

The computation of the downmix MDST spectrum dmx_im[g][b] from the MDCT data depends on

(prior to

— use_prev_frame: If both the current and previous frame are to be used for the MDST estimation
(use_prev_frame == 1), the downmix spectra of the current and preceding frame are required. Otherwise
(use_prev_frame == 0), only the current frame’s downmix spectrum is needed, i.e. every MDCT

coefficient of the previous frame’s downmix spectrum is assumed to equal zero.
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A dmx_im[g][b] estimate is obtained by initializing every coefficient of dmx_im to zero and adding to each
coefficient a filtered version of the corresponding MDCT coefficient(s) depending on use_prev_franje:
filterApdAdd (dmx_re[g] [b], dmx length, filter coefs, dmx im[g] [b], 1, 1);
if (use|prev_ frame == 1) {

filtepAndAdd (dmx_re prev[g] [b], dmx length, filter coefs prev,

dmx_iml[g] [b], -1, 1);

1
dmx_length is the even-valued MDCT transform length, which depends on window_sequence. filter_coefs and
filter_cogfs_prev are arrays containing the filter kernels and are derived according to Table 124 and Table 12b.

Helper fUnction filterandadd () performs the actual filtering and addition and is defined as follows:

filterAnpgAdd (in, length, filter, out, factorEven, factor0dd)

{

s = fiflter[6]1*in[2] + filter[5]1*in[1l] + filter[4]1*in[O]* + filter[3]1*in[0] +

out [1]| += s*factorEven;

out [1]| += s*factor0Odd;

i
s

out [1]| += s*factorEven;
for (il = 3; 1 < length-4; i +& 2)

s = filter[ed*in[i-3] + filter[5]*in[i-2] + filter[4]*in[i-1] + filter[3]1*in[i] +

out [i]]| +=/s*factor0dd;

i
s

window_sequence: Downmix MDST estimates are computed for each group window pair. In case of
window_sequence == EIGHT_SHORT_SEQUENCE, use_prev_frame is evaluated only for the first of the
eight short-window pairs. For each of the remaining seven window pairs, the preceding window pair is
always used in the MDST estimate, which implies use_prev_frame = 1. In case of transform length
switching (i.e window_sequence == EIGHT_SHORT_SEQUENCE preceded by window_sequence !=
EIGHT_SHORT_SEQUENCE, or vice versa), use_prev_frame must be 0.

Window shapes: The MDST estimation parameters for the current window, which are filter coefficients as
described below, depend on the shapes of the left and right window halves. For single-long window
sequences and the first window of an EIGHT SHORT SEQUENCE, this means that the filter parameters
are fa function of the current and previous frames’ window_shape flags. The remaining seven windows ih
a short sequence are only affected by the current window_shape.

= 0;

fiflter[2] *in[1l] + filter[1l]*in[2] + filter[0]*inm{3];

= fiflter[6]1*in[1l] + filter[5]1*in[0] + filtex[4]*in[0] + filter[3]*in[1l] +
fiflter[2] *in[2] + filter[1]*in[3] + fillter[0]*in[4];

= 2;
= fiflter[6]1*in[0] + filter[5]1*in[0} + filter[4]*in[1l] + filter[3]*in[2] +
fiflter[2]*in[3] + filter[l]*in[4&] + filter[0]*in[5];

2] + filter([4]1*in[i-1] + filter[3]1*in[i] +

{
s = [filter[6]l*in[i-3] + filter[5]*in[i-
1] *in[i+2] + filter[0]*in[i+3];

filter[2]*in[i+1] ¢~ fidter|
out [L] += s*factorodgdy

s = [filter[6] *in[i2].4 filter[5]*in[i-1] + filter[4]*in[i] + filter[3]*in[i+1] +
filter[2] *infH+2] + filter[1l]*in[i+3] + filter[0]*in[i+4];

out [f+1] += s*factorEven;

lephgth-34

filterf2] *in[i+1] + filter[1l]*in[i+2] + filter[O0]*in[i+2];

= length-2;
= filter[6]l*in[i-3] + filter[5]*in[i-2] + filter[4]*in[i-1] + filter[3]1*in[i] +
filter([2]*in[i+1] + filter[1l]*in[i+1] + filter[0]*in[i];

out [1] += s*factorEven;

i
s

= length-1;
= filter[6]l*in[i-3] + filter[5]*in[i-2] + filter[4]*in[i-1] + filter[3]1*in[i] +
filter([2] *in[i] + filter[1]*in[i-1] + filter[0]*in[i-2];

out [1] += s*factor0dd;
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Table 124 — MDST Filter Parameters for Current Window (filter_coefs)

Current Window Sequence

Left Half: Sine Shape
Right Half: Sine Shape

Left Half: KBD Shape
Right Half: KBD Shape

ONLY_LONG_SEQUENCE,
EIGHT_SHORT_SEQUENCE

[ 0.000000, 0.000000, 0.500000,
0.000000,
-0.500000, 0.000000, 0.000000 ]

[ 0.091497, 0.000000, 0.581427,
0.000000,
-0.581427, 0.000000, -0.091497 ]

LONG_START_SEQUENCE

[ 0.102658, 0.103791, 0.567149,
0.000000,

[ 0.150512, 0.047969, 0.608574,
0.000000,

-0.567149, -0.103/91, -0.1026538 |

-0.608574, -0.047969, -0.1505][12 ]

LONG_STOP_SEQUENCE

[ 0.102658, -0.103791, 0.567149,
0.000000,
-0.567149, 0.103791, -0.102658 ]

[ 0.150512, -0.047969, 0.608514,
0.000000,
-0.608574, 0.047969, -0.1505(12 ]

STOP_START_SEQUENCE

[ 0.205316, 0.000000, 0.634298,
0.000000,
-0.634298, 0.000000, -0.205316 ]

[ 0.209526, 0.000000, 0.6357%2,
0:600000,
-0.635722,,'0:000000, -0.2095p6 ]

Current Window Sequence

Left Half: Sine Shape
Right Half: KBD Shape

Left Half: KBD Shape
Right Half: Sine Shape

ONLY_LONG_SEQUENCE,
EIGHT_SHORT_SEQUENCE

[ 0.045748, 0.057238, 0.540714,
0.000000,
-0.540714, -0.057238, -0.045748 ]

[[0:045748, -0.057238, 0.5407]4,
0.000000,
-0.540714, 0.057238, -0.045748 ]

LONG_START_SEQUENCE

[0.104763, 0.105207, 0.567861,
0.000000,
-0.567861, -0.105207, -0:104763 ]

[ 0.148406, 0.046553, 0.607863,
0.000000,
-0.607863, -0.046553, -0.1484p6 ]

LONG_STOP_SEQUENCE

[ 0.148406, -0.0465535.10.607863,
0.000000,
-0.607863, 0.046553, -0.148406 ]

[ 0.104763, -0.105207, 0.567861,
0.000000,
-0.567861, 0.105207, -0.104763 ]

STOP_START_SEQUENCE

[ 0.207421, [0:001416, 0.635010,
0.000000,
-0.635010, -0.001416, -0.207421 ]

[ 0.207421, -0.001416, 0.6350]0,
0.000000,
-0.635010, 0.001416, -0.207421 ]

Table 125 — MDST: Filter Parameters for Previous Window (filter_coefs_prev)

Current Window Sequence

Left Half of Current Window:

Left Half of Current Window:

EIGHT_SHORT SEQUENCE

0.250000, 0.106103, 0.000000 ]

Sine Shape KBD Shape
ONLY_LONG_SEQUENCE, [ 0.000000, 0.106103, 0.250000, [ 0.059509, 0.123714, 0.186579,
LONG_START~SEQUENCE, 0.318310, 0.213077,

0.186579, 0.123714, 0.059509 ]

LONG.'STOP_SEQUENCE,
STOP/START_SEQUENCE

[ 0.038498, 0.039212, 0.039645,
0.039790,
0.039645, 0.039212, 0.038498 ]

[ 0.026142, 0.026413, 0.026577,
0.026631,
0.026577, 0.026413, 0.026142]

7.7.2.3.2

Decoding of prediction coefficients

For all prediction coefficients the difference to a preceding (in time or frequency) value is coded using the
Huffman code book specified in ISO/IEC 14496-3:2009, Table 4.A.1. See ISO/IEC 14496-3:2009, 4.6.3, for a
detailed description of the Huffman decoding process. Prediction coefficients are not transmitted for prediction
bands for which cpix_pred_used[g][sfb] = 0. The following pseudo code describes how to decode the
prediction coefficient alpha_q[g][sfb], alpha_q being either alpha_q_re or alpha_q_im.

for (g = 0; g < num window_groups; g++) {
for (sfb = 0; sfb < max sfb ste; sfb += SFB_PER PRED BAND) ({
if (delta_code_time == 1) {
if (g > 0) {
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}

last_alpha g

alpha glg-1] [sfb];

else {

}
}

last_alpha g

alpha g prev_ frame [sfb];

else {
if (sfb > 0) {

}

last_alpha g alpha glgl [sfb-11;

else {
last ::'IF'h:: G {'\I-
}
}
if |(cplx_pred usedl[g] [sfb] == 1) {
dpcm_alpha = -decode huffman() + 60; /* function returns dpcm_alpha glgl [sfb} */

Q

els
a

}

/*
/*
if

}

Q

}
}

alpha_q
frame. If
frame, al

Both the
of compl

7.7.2.3.3
The inve
alpha_re

alpha_in

7.7.2.3.4 Upmix process

Reconst

lpha glg] [sfb] = dpcm_alpha + last alpha g;

= {

lpha glgl [sfb] = 0;

hssign a prediction coefficient to each scalefactor band */

[f max sfb is odd, last prediction band covers only one scalefactor
band */

((sfb+1) < max sfb ste) ({

lpha_glg] [sfb+1] = alpha glgl [sfb];

[prev_frame[sfb] contains the decoded prediction coefficients of the last window group of the previou
no prediction was used for the previous frame or for.the respective scalefactor band in the previou
pha_q_prev_framel[sfb] is set to zero.

[

real and imaginary coefficient histories are reset to zero upon a transform length change, and in case
px_coef == 0, all imaginary coefficients up to num_swb are set to zero.

Inverse quantization of prediction’ coefficients
rse quantized prediction coefficients alpha_re and alpha_im are given by
= alpha_qg_re * 0.1

= alpha_qg_im * 0.4

uct thespectral coefficients of the first (“left”) and second (“right’) channel as specified by the

ms_mask_present, pred_dir, and cplx_pred_used[][] flags as follows:
if (ms pask present == 3) {
for (g = 0; g < num window_groups; g++) {
for (b = 0; b < window group lengthlgl; b++) {

for (sfb = 0; sfb < max_sfb; sfb++)

148

if (cplx_pred used[g] [sfb]) {
if (pred dir == 0) {
for (i = 0; 1 < swb offset[sfb+1l]-swb offset[sfb]; i++) {

side = r spec(g] [b] [sfb] [i]
- alpha relgl] [b] [sfb] * 1 speclg] [b] [sfb] [i]
- alpha im[g] [b] [sfb] * dmx im[g] [b] [sfb] [i];

r speclg] [b] [sfb] [i] = 1 speclg] [b] [sfb] [i] - side;

1 _spec(g] [b] [sfb] [i] 1 speclgl] [b] [sfb] [i] + side;

© ISO/IEC 2012 — All rights reserved


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

else {
for (i = 0; 1 < swb offset[sfb+1]-swb offset[sfb]; i++) {
mid = r_ specl(g] [b] [sfb] [1]
- alpha relg] [b] [sfb] * 1 spec[g] [b] [sfb] [i]
- alpha im[g] [b] [sfb] * dmx_im([g] [b] [sfb] [i];
r spec[g] [b] [sfb] [1] = mid - 1 spec(g] [b] [sfb] [i];
1 spec(g] [b] [sfb] [i1] = mid + 1 speclg] [b] [sfb] [1i];

}
}
}
}
}

}

1.8 TNS

7.8.1 General

Tlhe TNS tool is defined in ISO/IEC 14496-3:2009, 4.6.9, but with the following'modifications.

7.8.2 Terms and definitions

In addition to ISO/IEC 14496-3:2009, 4.6.9.2, the following definitions apply:

ths_active TNS is active on at least one channel
gommon_tns Use the same TNS filter faryboth channels
ths_on_Ir Indicates the mode of operation for TNS filtering

Table 126 — tns_on_Ir

tns_on_Ir Meaning

TNS is applied after inverse

0 quantization of MDCT spectrum, prior to
upmix

TNS is applied on left/right MDCT

1 spectrum after upmix, prior to inverse

MDCT

ns_data_present[0] Indicates the presence of TNS data for channel 0

—*

Table 127 — tns_data_present[0]

tns_data_present[0] Meaning

0 no TNS data transmitted for channel 0
y separate TNS data transmitted for
channel 0

tns_data_present[1] Indicates the presence of TNS data for channel 1
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Table 128 — tns_data_present[1]

tns_data_present[1] Meaning
0 no TNS data transmitted for channel 1
y separate TNS data transmitted for
channel 1
tns_present_both Indicates if both channels have separate TNS data transmitted

Table 129 — tns_present_both

tns_present_both Meaning

at least one channel has no individual
TNS data
separate TNS data transmitted for both
channel 0 and channel 4

0

1

7.8.3 Decoding process
The decgding process in ISO/IEC 14496-3:2009, 4.6.9.3 is extended as follows:

The spe¢tral domain on which TNS is applied depends on the value of ths_on_lIr. If tns_on_Ir == 0, TNS is
applied [after inverse quantization and prior to any mid/side’ or complex prediction processing.
tns_on_Jr == 1, TNS is applied to the spectral coefficients of left and right channel after mid/side or comple
predictiop processing.

X =

=

Depending on the FD window sequence the size @f’the following data elements and the definition ¢
TNS_MAX_ORDER is adapted for each transform window according to its window size:

Table 130 — Definition of TNS_MAX_ORDER and size of data elements

Long window Short window
sequences sequence
TNS_MAX_ORDER 15 7
size of ‘n_filt’ 2 1
size of ‘order’ 4 3
size of ‘length’ 6 4

7.8.4 Maximum:TNS bandwidth

Based on the sampling rate in use the value for the constant TNS_MAX_BANDS is set according to Table 13[1.
For sam%@—mmmmwmmmrmm i fCitty i i ; i i Y

mapping according to Table 79.

—
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Table 131 — Definition of TNS_MAX_BANDS
depending on windowing and sampling rate

Sampling | Long window Short window
Rate [Hz] sequences sequence
96000 31 9
88200 31 9
64000 34 10
48000 40 14
44700 42 14
32000 51 14
24000 47 15
22050 47 15
16000 43 15
12000 43 15
11025 43 15
8000 40 15

7.9 Filterbank and block switching

=~

.9.1 Tool description

he time/frequency representation of the signal is mapped. onto the time domain by feeding it| into the
terbank module. This module consists of an inverse ¢nedified discrete cosine transform (IMDCT), and a
indow and an overlap-add function. In order to adapt the time/frequency resolution of the filterbapk to the
haracteristics of the input signal, a block switching tool is also adopted. N represents the windoy length,
here N is a function of the window_sequence\(see 6.2.9.3). For each channel, the N/2 time-flequency
alues X, are transformed into the N time démain values x;, via the IMDCT. After applying thg window
inction, for each channel, the first half of the~z,, sequence is added to the second half of the previgus block
indowed sequence z;.+,, to reconstruct the.eutput samples for each channel out; .

S < < 0 < —h

7.9.2 Terms and definitions

window_sequence 2'bit indicating which window sequence (i.e. block size) is used.
window_shape 1 bit indicating which window function is selected.

Tlable 88  shows s the @ window_sequences based on the seven transform vindows.
(DNLY_LONG_SEQUENCE, LONG_START_SEQUENCE, EIGHT_SHORT_SEQUENCE,
LHONG_STOP/SEQUENCE, STOP_START_SEQUENCE).

n the following LPD_SEQUENCE refers to all allowed window/coding mode combinations inside the so called
inear prediction domain codec (see 6.2.10). In decoding a frequency domain coded frame it is only important
to know if a following frame is encoded with the LP domain coding modes, which is represented by an
4PB) SEQUENCE. This is true regardless of the exact structure within the LPD_SEQUENCE. T

7.9.3 Decoding process

7.93.1 IMDCT

The analytical expression of the IMDCT is:
3 27 1
Zspec[i][k]cos F(n+n0) k+; for 0<n< N
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where:

n = sample index

i = window index

k = spectral coefficient index

N = window length based on the window_ sequence value

n, = (N/2+1)/2

The synthesis window length N for the inverse transform is a function of the syntax elemeriut
window | sequence and the algorithmic context. It is defined as follows:

Table 132 — Value of synthesis window length N
depending on window_sequence and coreCoderFrameLength

window_sequence coreCoderFrameLength | coreCoderFrameLength
== 768 ==1024

ONLY_LONG_SEQUENCE
LONG_START_SEQUENCE

LONG_STOP_SEQUENCE 1536 2048
STOP_START_SEQUENCE
EIGHT_SHORT_SEQUENCE 192 256

The megningful block transitions are listed in the following. Table 133. A tick mark (1) in a given table cdl
indicateq that a window sequence listed in that particular row-may be followed by a window sequence listed in
that particular column.

Table 133 — Allowed Window Sequences

w L e w L
o |92 |9|¢
] w = ]
L 35 ) L ) E)J
3 | o | @3] gz
. w w ) | Ll w
Window Sequence 0, @, | o, @, )
o | k| k| d| 5|3
1218129
i 5| @ o |U_)| o
212 512|858~
— Z O
From | To 5 o % < 5
ONLY_LONG_SEQUENCE | M
LONG_START_SEQUENCE | 4} M 4}
EIGHT_SHORT_SEQUENCE M 4| ™ M
LONG_STOP_SEQUENCE | M
STOP_START_SEQUENCE | | M 4}
LPD_SEQUENCE M | M ™
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7.9.3.2 Windowing and block switching

Depending on the window_sequence and window_shape element different transform windows are used. A
combination of the window halves described as follows offers all possible window_sequences. Window
lengths specified below are dependent on the core-coder frame length. Numbers are listed for
coreCoderFrameLength of 1024 (960, 768).

For window_shape == 1, the window coefficients are given by the Kaiser - Bessel derived (KBD) window as
follows:

WKBD _LEFT,N (n)

_ )4
WKBD_RIGHT,N(n) T 2

Wwhere:

W', Kaiser - Bessel kernel window function, see also [5], is defined as follows:

1,[7a]

0 N
for <n<
”' (l’l,a) - Z

4 for N =2048 (1920, 1536)
6 for N =256 (240, 192)

o = kernel’window alpha factor, a =

OQtherwise, for window_shape == 0, a sine window is employed as follows:

W (n) = sin(— z for 0<n< v
siv_pgrr, NV TS0 () D)

. 1 N
WSIN_ RIGHT,N(n) = SIH(E (n +E)) for ? <n<N

The window length N can be 2048 (1920, 1536) or 256 (240, 192) for the KBD and the sine window.

How to obtain the possible window sequences is explained in the parts a)-e) of this subclause.
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For all kinds of window_sequences the window_shape of the left half of the first transform window is
determined by the window shape of the previous block. The following formula expresses this fact:

WLEFT,N(”) = {

where:
window

For the f
identical

In the ca

a) ONLY

The win
length N

For wind

W( g
If window_shape == 0 the window for ONLY_LONG_SEQUENCE can be described as follows:

w(p) =

After win
Z
b) LONG

The LON

Wesp rerr.n (1), it window_shape_previous_block == 1

Wan 1err.n (1), if window_shape_previous_block == 0

rst raw_data_block() to be decoded the window_shape of the left and right half of the window"ane
s5e that the previous block was coded using LPD mode, window_shape_previous_block iscset to 0.

| LONG_SEQUENCE:

How_sequence == ONLY_LONG_SEQUENCE is equal to one LONG_WINDOW with a total windoyw
[ ] of 2048 (1920, 1536).

ow_shape == 1 the window for ONLY_LONG_SEQUENCE is given as follows:

AW iger y (1), for 0<n< N _[/2
)= Wisp ricury (1), for N_1/2<n <N~/

Wigern (1), for 0<w< N _1/2
Way ricurn (1), forcV [/2<n< N _|

dowing, the time domain values(z;,) can be expressed as:
= w(n)- X »;

_START_SEQUENCE:

G_START .SEQUENCE can be used to obtain a correct overlap and add for a block transition from

—~

ONLY_LONG_SEQUENCE to any block with a low-overlap (short window slope) window half on the le
(EIGHT_|SHORT=SEQUENCE, LONG_STOP_SEQUENCE, STOP_START_SEQUENCE ar
LPD_SEQUENCE).

In case the fu“uvvillg window SEqUENTE isnotan LPD_SEQUENCE

Window

lengths N [ and N_s are set to 2048 (1920, 1536) and 256 (240, 192) respectively.

In case the following window sequence is an LPD_SEQUENCE:

Window
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If window_shape == 1 the window for LONG_START_SEQUENCE is given as follows:

VVLEFT,NJ(”): for 0<Sn<N [1/2
3N_I-N_s
w(n) =] 1O o fr N 1/2sncg
WKBDﬁRIGHT,Nis(n +— —f), for — <n< —
0.0, for NN <o o N ]

4

I{ window_shape == 0 the window for LONG_START_SEQUENCE looks like:

Tlhe windowed time-domain values can be calculated with the formula<explained in a).

(o]

) EIGHT_SHORT

o = Q

lock number is indexed with the variable j=0,....sM -1 (M =N [/N _s).

window_shape == 1 the window functions'can be given as follows:

VVLEFT,NJ (n), Jor 0<n<N s/2

W,(n)=
o) {WKBDRIGHT,NS (@); for N s/2<n<N s

Wj(n) _ WKBD'LEFT,NJ (n), for0<n<N s/2 0<j<M-1
Wigricur v (M), for N_s/2<n<N_s

Qtherwise, ifiwindow_shape == 0, the window functions can be described as:

Wioerr s (1), for 0sn<N s/2
Wsnv_mGHT,N_s (n), forN s/2<n<N s

Wo(n)={

Wiger (1), for 0<n<N [/2
W(n): 10, for N_l/23n<%;]\’-s

I/VSH\/JUGHT,N)(n + NES - 3NJ4_NJ), for %;N*S <n< w
0o for LTS <HE N ]

he window_sequence == EIGHT_SHORT comprises eight overlapped and added SHORT_WIND(
length N s of 256 (240, 192) each. The total length*of the window_sequence together with lea
bllowing zeros is 2048 (1920, 1536). Each of the eight short blocks are windowed separately first.

The window_shape of the previous block, influences the first of the eight short blocks (Wq(n)

DWs with
ding and
he short

only. If

W’j(n): WSINfLEFT,Nfs(”)’ fOl" 0SI’l<N_S/2 ’O<‘]SM_1
WS[NfRIGHT,Nﬁs (n), forN s/2<n<N s

© ISO/IEC 2012 — All rights reserved
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The overlap and add between the EIGHT _SHORT window_sequence resulting in the windowed time domain

values z;, is described as follows:

0, for 0 < n <A
XonNins Wy (n— N’l;N*S), for N*l;N*S <n<X JZN S
Xy e W, (n—- W) + X, W,(n— w),
Zal= f0r1§j<M,wgn<w
fol,n,% : WMfl(n —w)’
for 2LRAEDNS < y  NICADN
0, for MLRMINS <y o N |

d) LONG_STOP_SEQUENCE

This winflow_sequence is needed to switch from an EIGHT_SHORT_SEQUENCE or LPD_SEQUENCE bag

to an ONLY_LONG_SEQUENCE.

In case the previous window sequence is not an LPD_SEQUENCE:

Window |engths N [/ and N _s are set to 2048 (1920, 1536) and 256 (240, 192) respectively.
In case the previous window sequence is an LPD_SEQUENCE:

Window |engths N [/ and N _s are set to 2048 (1920, 1536) and 512 (480, 384) respectively.

If window_shape == 1 the window for LONG._STOP_SEQUENCE is given as follows:

0.0, for 0<n<EM2

W(n) _ Wiy (1 _%), for & J;N S <n< NJ:NJ
i for Y2 <n<N_1/2
Wisp rigrizy 1(1)s for N 1/2<n<N |

If window_shape == 0 the window for LONG_START_SEQUENCE is determined by:

=

fnn, for ﬂ<n<N—1;N—S
N [-N s N [-N s N [+N s
W(n):<WLEFT,N_s(n_f)9 for 7 <n< >
10, for 22 <n< N 1/2
Wan v (1), for N 1/2<n<N_I

The windowed time domain values can be calculated with the formula explained in a).
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e) STOP_START_SEQUENCE:

The STOP_START_SEQUENCE can be used to obtain a correct overlap and add for a block transition from
any block with a low-overlap (short window slope) window half on the right to any block with a low-overlap
(short window slope) window half on the left and if a single long transform is desired for the current frame.

In case the following window sequence is not an LPD_SEQUENCE:

Window lengths N _/and N_sr are set to 2048 (1920, 1536) and 256 (240, 192) respectively.

In case the following window sequence is an LPD_SEQUENCE:

Window lengths N /and N_sr are set to 2048 (1920, 1536) and 512 (480, 384) respectively.

W case the previous window sequence is not an LPD_SEQUENCE:

Window lengths N /and N _s/ are set to 2048 (1920, 1536) and 256 (240, 192) respectively.

h case the previous window sequence is an LPD_SEQUENCE:
Window lengths N /and N sl are set to 2048 (1920, 1536) and 512 (480;.384) respectively.

I{ window_shape == 1 the window for STOP_START_SEQUENCE (s given as follows:

0.0, for0£n<w
N_I-N_sl N_I-N_sl N_I+N _sl
W, n———m—), for —= = <p<c= _
LEFT,NJI( 4 ) 7 ;
) = Lo for NN sl o SN 1N oy
N _sr 3N I-N_sr for 3N—Z_N_S”Sn<3N_l+N_sr
Wesp rigury o0+ IRAS 2 ), 4 1
0.0, forwgnw_,

I{ window_shape == 0 the-'window for STOP_START_SEQUENCE looks like:

The windowed time-domain values can be calculated with the formula explained in a).

© ISO/IEC 2012 — All rights reserved

0.0, f0r0§n<M_
b @ NN st W NNl N N sl
o 4 4 1
W(n): 1.0, for WSI’Z<3N_Z_;N_SV
N _sr 3N _[-N _sr for 3N—I_N—SF£n<3N—l+N—SF
WS[NﬁR[GHT,Nfsr (n+ > - 2 ), 4 4

157


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

7.9.3.3 Overlapping and adding with previous window sequence

Besides the overlap and add within the EIGHT_SHORT window_sequence, the first (left) part of every
window_sequence is overlapped and added with the second (right) part of the previous window_sequence

resulting in the final time domain values out;, . The mathematic expression for this operation can be
described as follows.

In case of ONLY_LONG_SEQUENCE, LONG_START_SEQUENCE, EIGHT_SHORT_SEQUENCE,
LONG_STOP_SEQUENCE, STOP_START_SEQUENCE:

. _ . N_I
outli,, +nl=z,,+z_  ;;VO<n<=5-

i-Ln+—— 2

N _[is the size of the window sequence. i,,, indexes the output buffer our and is incremented by the numbsg
N I
2

=

of written samples.

In case qf LPD_SEQUENCE:

If the prgvious decoded windowed signal was coded with ACELP, the tool FAC isyapplied as described in 7.16.
Otherwide, when the previous decoded windowed signal z.;, was coded«with the MDCT based TCX, p
conventipnal overlap and add is performed for obtaining the final time ‘'signal out. The overlap and add
operatiop can be expressed by the following formula when ,JFD. mode window sequence is @
LONG_START_SEQUENCE or an EIGHT_SHORT_SEQUENCE:

ou

o~
+
S
—_
I

Z _ s n
(NN s o 5 4

—

N,.; corrgsponds to the size 2Ig of the previeus’window applied in MDCT based TCX. i,,, indexes the outpd
buffer ot and is incremented by the number (N /+N s)/4 of written samples. N s/2 should be equal to th
value L gf the previous MDCT based TE€X defined in Table 148.

(]

For a STIOP_START_SEQUENCEthe overlap and add operation between FD mode and MDCT based TCX is
performdd according to the follewing expression:

N sl
Zi FoN o +ZH 3~N,;1—2-N,Shn; VO0<n< >
. ( 4 ' E) 4 T
outli +n]=
N s/ N [+N sl
Z N I-N_ sl > V——<n<—= =
i—= =" +n 2 4

4

N,.; corresponds to the size 2Ig of the previous window applied in MDCTT based TCX. i,,, Indexes the output
buffer out and is incremented by the number (N _/+N _sl)/4 of written samples. N _s//2 should be equal to the
value L of the previous MDCT based TCX defined in Table 148.
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7.10 Time-Warped Filterbank and Blockswitching

7.10.1 Tools description

When the time-warped MDCT is enabled for the stream (the twMdct flag is set in the UsacConfig()), this tool
replaces the standard Filterbank and Blockswitching (see 7.9). In addition to the IMDCT the tool contains a
time-domain to time-domain mapping from an arbitrarily spaced time grid to the normal linearly spaced time
grid and a corresponding adaptation of the window shapes.

7710-2—Terms and defimnitions

7.10.2.1 Data elements

—

v_data() contains the side information necessary to decode and apply the timg warped
MDCT on an fd_channel_stream() for SCE and CPE elements. The
fd_channel_streams of a UsacChannelPairElement()~may share one
common tw_data().

tw_data_present 1 bit indicating that a non-flat warp contour is‘transmitted in this framg.
tw_ratio]] codebook index of the warp ratio for nodei.

window_sequence 2 bit indicating which window sequence (i.e. block size) is used.
window shape 1 bit indicating which window*function is selected.

7.10.2.2 Help elements

warp_node_values[] decoded warp contour node values

<

arp_value_tbl[] quantization table for the warp node ratio values, shown in Table 134

Table 134 — warp_value_tbl

Index value

0 0.982857168

1 0.988571405

2 0.994285703

3 1

4 1.0057143

5 1.01142859

6 1.01714289

7 1.02285719
new.)warp_contour(] decoded and interpolated warp contour for this frame (n_long samplep)
past_warp_contour][] past warp contour (2*n_long samples)
norm_fac normalization factor for the past warp_contour
warp_contour(] complete warp contour (3*n_long samples)
last_ warp_sum sum of first part of the warp contour
cur_warp_sum sum of the middle part of the warp contour
next_warp_sum sum of the last part of the warp contour
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time_contour(] complete time contour (3*n_long+1_samples)

sample_pos]] positions of the warped samples on a linear time scale (2*n_long samples +
2*IP_LEN_2S)

X[wI[] output of the IMDCT for window w

Z(] windowed and (optionally) internally overlapped time vector for one frame in

the time warped domain

zp[] Z[J with zero padding

vl time vector for one frame in the linear time domain after resampling
Vi, time vector for frame i after postprocessing

out[] output vector for one frame

b[] impulse response of the resampling filter

N synthesis window length, see 7.9.3.1

N_f frame length, N_f = 2*coreCoderFramelLength
next_window_sequence following window sequence

prev_wirldow_sequence previous window sequence

7.10.2.3| Constants

NUM_TW_NODES 16

OS_FAQTOR_WIN 16

OS_FAJTOR_RESAMP 128

IP_LEN_|2S 12

IP_LEN_]2 OS_FACTOR_RESAMP*IP_LEN_2S+1
IP_SIZE [P_LEN_2+0OS_FACTOR_RESAMP
n_long coreCoderFrameLength

n_short coreCoderFrameLength/8

interp_dipt n_long/NUM_TW_NODES

NOTIME 100006

7.10.3 Decoding process

7.10.3.1 Warp contour

The codebook indices of the warp contour nodes are decoded as follows to warp values for the individual
nodes:
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fortw_data _ present =0, 0<i<NUM _TW NODES

warp _node _values[i]=11 fortw _data present=1, i=0

H warp _value _tbl[tw _ratio[k]] fortw_data _present =1, 0 <i<NUM TW NODES
k=0

2012(E)

To obtain the samplewise (n_long samples) new_warp_contour[], the warp_node_values[] are now

interpolated linearly between the equally spaced (interp dist apart) nodes:

flor (1 =0 ; i < NUM_TW NODES ; i++ ) {

d = (warp node values[i+l] - warp node values[i] ) / interp dist;
for ( J = 0 ; j < interp dist; j++ ) {
new _warp contour [i*interp dist + j] = warp node values[i-1] + (Jj+1)*dy

}

(wel

efore obtaining the full warp contour for this frame, the buffered values from the past have to be res
nat the last warp value of the past_warp_contour[] equals 1:

—

1
past _warp _contour[2-n_long —1]

norm__ fac =

past _warp _contourli]= past _warp _contour|i]- norm _ facstov 0<i<2-n_long
last warp _sum=last _warp sum-norm_ fac

dqur _warp _sum=cur_warp_sum-norm__fac

4

ow the full warp_contour(] is obtained by concatenating the past_warp_contour and the new_warp|
dnd new_warp_sum is calculated as sum over:all’new_warp_contour[] values:

n_long-1
few _warp _sum = Z new _warpc,contour|i]
i=0

7.10.3.2 Sample position and window length adjustment

Hrom the warp_contourf] a“vector of the sample position of the warped samples on a linear time
omputed. For this, firstthe time contour is generated:

Q

—-Ww,, -last _warp _sum fori=0
i—1
—last _warp _sum+ Z warp _ contour[k]j for0<i<3-n _long

time _contonr[i] =
W}‘(’S
k=0

n_long

whérew, =

caled, so

| contour,

scale is

cur warp Ssum

With the helper functions warp_inv_vec() and warp_time_inv():

warp time inv(time contour[],t warp) {
i=0;
if ( t_warp < time contour[0] ) {
return NOTIME;

while ( t_warp > time_contour[i+1] ) {
14+;
}

return (i + (t_warp - time contour[i])/(time contour[i+1]-time contour[i])) ;
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warp_inv_vec (time contour[],t start,n_samples, sample pos[]) ({
t_warp = t_start;
] 0;
while (( 1 floor (warp time inv(time_ contour,t warp-0.5))) == NOTIME) {
t_warp += 1;
J++i
while

(J < n_samples && (t_warp + 0.5)
while

< time_contour [3*n_long] ) {
( t_warp > time contour[i+1]) ({
i++;
:mF'I e—fpos [3]

i+

(t_warp - time_contour[i])/(time contour[i+1]-
time_contour[i]) ;
1++;
i

_warp += 1;
}

the samy

le position vector and the transition lengths are computed:
t_start

n_long-3*N f/4 - IP LEN 2S + 0.5
warp_iny vec (time contour,
t_start,

N_f + 2+IP_LEN 28,
sample pos[]);

if ( lapt_warp sum > cur_warp_sum ) {
warpged trans len left = n long/2;
else {
warg

}

if (new

ed_trans_len left

n_long/2*last_warp_ sum/cur_ warp_sum;

| warpSum > cur warp sum ) {
warped trans len right = n long/2;
else {
warp

}

switch

casqg

ed trans_len right

n_long/2¥%new_warp_sum/cur_warp_sum;
( window sequence ) {
LONG_START_SEQUENCE:

3£ ( next window séguence == LPD_SEQUENCE ) ({
warped trans I€n right /= 4;
g¢lse {
warped twans_ len right /= 8;
break;
cass

LONG_STOP_ SEQUENCE:
1f AL prev_window_sequence == LPD_SEQUENCE
warped trans_len left /= 4;

else {

warped trans_len left /= 8;
}

break;

case EIGHT SHORT_ SEQUENCE:
warped_trans_len_right /=

warped trans len left

8 .
/=
break;

8;
case STOP_START_ SEQUENCE:

if ( prev_window_sequence == LPD_SEQUENCE
warped trans_len left /= 4;
}

else {

162
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warped trans_len left /= 8;

}

if ( next window sequence == LPD_ SEQUENCE ) ({
warped_trans_len right /= 4;

else {
warped trans_len right /= 8;
}

break;

}
first pos = ceil (N _f/4-0.5-warped trans_len left);

act oo - flooxr (I*N £/4_0 Sowarned trang len right) .
—T — T — — ) 7

7.10.3.3 IMDCT

(ds)

ee 7.9.3.1.

7.10.3.4 Windowing and block switching

Depending on the window_shape element different oversampled transform window prototypes are yised, the
ength of the oversampled windows is

Nos =2-n_long-0S FACTOR WIN

Hor window_shape == 1, the window coefficients are given bi.the Kaiser - Bessel derived (KBD) wjndow as

follows:
Nog—n-1
N Z [W (p,a)]
WKBD(” - ;Sj = Ni,:/oz for . &% <n< N,
2w ()]
p=0
where:

W' Kaiser-Besser kernel fungtion is defined as follows:

I, ﬂa\/l.O—[WJ
o Nos

for 0<n<—*
1, [7] or n

W'(n,a)=

o =kernel window alpha factor, o =4

Otherwise, for window_shape == 0, a sine window is employed as follows:

WS,N(n - NOSJ = sir(i(n + lj] for Nos <n <N,
2 N\ 2 2

© ISO/IEC 2012 — All rights reserved 163


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

For all k

inds of window_sequences the used protoype for the left window part is the determinded by the

window shape of the previous block. The following formula expresses this fact:

Wip[n] if window _shape _ previous _block ==

left window _shape[n]=

Likewise

Wy [n] if window _shape _ previous _block ==

the prototype for the right window shape is determinded by the following formula:

right »l/indow _shape[n]= i

Since {
EIGHT _

a)EIGHT]

The fo
EIGHT

tw_wind
t,left

offse
tr sc
tr po
tr_sc

tr po

for (

offse

_pos_1 += tr_scale 1;

_pos_r += tx.scale r;

[117 r 1 _.¢ . 1 1 1
YV k8D I_ILJ, 1L Wirntdow _ dridpe ——1

Wy [1n] if window _shape ==

ne ftransition lengths are already determined, it only has to be differentiated - between

BHORT_SEQUENCES and all other:
SHORT SEQUENCE:
lowing c-code like portion describes the windowing and internal” overlap-add of g

BHORT_SEQUENCE:

bwing short (X[]1[1,z[],first_pos,last_pos,warpe_trans_lenileft,warped_trans_len righ
vindow shape [],right window shape[]) ({

= n long - 4*n_short - n short/2;
hle 1 = 0.5*n long/warped_trans_len left*O0S FACTOR WIN;

5 1 = warped _trans_len left+ (first pos-n_long/2)+0.5)*tr scale 1;
ple r = 8*0OS_FACTOR_WIN;

E r = tr scale r/2;
i=0; 1 < n short ; i++ ) {
= X[0]I[i];

i=0;i<first pos;i++)
= 0.;

i-n long-l-first pos;is=fikst pos;i--) {
*= left window_ shape(floor (tr pos 1)1;

i=0;i<n_short;i++)~ {
ffset+i+n_shorti=
X[0] [i+n) short] *right window_ shape [floor (tr pos r)];

L += wu~short;

for (

Ket 1 ; k < 7 ; k++ ) |

tr scale 1 = n short*0S_FACTOR_WIN;
tr pos 1 = tr scale 1/2;
tr pos r = OS FACTOR WIN*n long-tr pos 1;

for
z
z

(i=0;1i<n short ; i++ ) {
[i + offset] += X[k][i]*right_window_shape[floor (tr_pos_r)];
[offset + n short + 1i] =

X[k] [n_short + i]*right window_shape[floor (tr pos 1)1;

tr pos_1 += tr _scale_1;
tr pos r -= tr scale 1;

offset += n_short;
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tr scale 1 = n short*0S_ FACTOR WIN;
tr pos 1 = tr_scale 1/2;

for (1 =n short - 1 ; i >=0 ; i--) {
z[i + offset] += X[7] [1]*right window shape[ (int) floor(tr pos 1)];
tr pos 1 += tr scale 1;

}

for (1 =0 ; i < n short ; i++ ) {
z [offset + n_short + i] = X[7] [n_short + il;

}

tr scale r = 0.5*n_long/warpedTransLenRight*0S_ FACTOR WIN;
tr pos r = 0.5*tr scale r+.5;

tr pos r = (1.5*n_long- (float)wEnd-0.5+warpedTransLenRight) *tr_scale_r;
for (i=3*n long-1l-last pos ;i<=wEnd;i++) {

z[i] *= right window_ shape[floor (tr pos r)];

tr pos_r += tr_scale_r;

}

for (i=lsat pos+1l;i<2*n long;i++)
z[1i] = 0.;

B) all others:

fgw_windowing long(X[] []1,z[],first_pos,last pos,warpe\trans len left,warped trans_len right
Jleft_window shapel[],right window shapel[]) {

for (i=0;i<first pos;i++)

z[i] = 0.;
for (i=last pos+1;i<N f;i++)
z[i] = 0.;

tr_scale = 0.5*n_long/warped trans_}en left*OS_FACTOR_WIN;
tr pos = (warped trans len left+fi¥st pos-N £/4)+0.5)*tr scale;

for (i=N _f/2-1-first pos;i>=fi€st pos;i--) ({
z[i] = X[0] [i]*1left_window shape[floor (tr pos)]);
tr pos += tr scale;

}

tr _scale = 0.5*n_long/warped trans_len right*OS_FACTOR_WIN;
tr pos = (3*N_f/4-last pos-0.5+warped trans len right)*tr scale;

for (i=3*N_f/2slzlast pos;i<=last pos;i++) {
z[i] = X[0lfD] *right window_ shape [floor (tr pos)]) ;
tr pos +=\tr scale;

}

7.10.3.5 Time varying resampling

The windowed block z[] is now resampled according to the sample positions using the following impulse
response:

. n
sin
1 n’ OS FACTOR RESAMP
b[”]ZIo[OC] Iy a, 1= 7 : — . = for0<n<IP SIZE-1
IP LEN -

OS FACTOR RESAMP
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Before resampling, the windowed block is padded with zeros on both ends:

0, for 0<n<IP LEN 2S
zp|n|=4z[n—IP_LEN 2S], forIP LEN 2S<n<N_ f+IP LEN 2S
p[n]=4zln—IP_LEN_2S], forIP_LEN_ - _LEN_

0, for2-N _ f+IP LEN 2S<n<N_f+2-IP LEN 2S

The resampling itself is described in the following pseudo code section:

offset pes—6-5-
num_samples in = N _f+2*IP LEN 2S;
num_samples out = 3*n_long;
j_centef = 0;
for (i=p;i<numSamplesOut;i++) ({
whille (j_center<num samples_in && sample pos[j_ center]-offset pos<=i)
j| center++;

j_cpnter--;
yli] = 0;
if |(j_center<num samples in-1 && j_center>0) {
frac time = floor((i- (sample pos[j center]-offset pos))

/ (sample pos[j center+l] -sample pos[j cenbter])
*os_factor) ;
j| = IP_LEN_2S*os_factor+frac_time;
fpr (k=j center-IP LEN 2S;k<=j center+IP LEN 2S;k++) {
if (k>=0 && k<num samples in)
y[i]l += blabs(j)]*zplk];
j -= os_factor;

if |(j_center<0)
j| center++;

7.10.3.6 Overlapping and adding with previous window sequences

The overlapping and adding is the same for all sequences and can be described mathematically as follows:
y;,n + y;—l,n+n71()ng + y;—Z,n+2~n71()ng for O S n<n _long /2

! !
Yin ¥ Yitnin iong forn_long/2<n<n_long

7.10.3.7 Memory update
The memory buffers heeded for decoding the next frame are updated as follows:

past _warp \contour[n]=warp _contour[n+n_long], for0<n<2-n_long

cur _wdqrp’ sum =new _warp _sum

last _warp _sum=cur _warp _sum

Before decoding the first frame or if the last frame was encoded with the LPC domain coder, the memory
states are set as follows:

past _warp _contour[n]=1, for0<n<2-n_long
cur_warp _sum=n_long

last _warp _sum=n_long

166 © ISO/IEC 2012 — All rights reserved


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

7.11 MPEG Surround for Mono to Stereo upmixing

7.11.1 Tool description

MPEG Surround uses a compact parametric representation of the human’s auditory cues for spatial
perception to allow for a bit-rate efficient representation of a multi-channel signal. Although the coding of
stereo signals based on a mono downmix is not explicitly specified in ISO/IEC 23003-1:2007, it is evident that
such a 2-1-2 configuration may be realized in an efficient manner. In addition to CLD and ICC parameters,
IPD parameters can be transmitted. The OPD parameters are estimated with given CLD and IPD parameters

for-efficient-representation-of phase-nformation—IRPD-and-ORPD parameters—-are-used-to-svynthesize-the phase
L P P k - P ! ! Y t p

difference to further improve stereo image.

A basic element of MPEG Surround coding is the OTT box, which performs exactly the required |[mono to
stereo upmixing on the decoder side as shown in Figure 20.

OTT box

MO > Left

mix matrix
[M2]

O

Righ

CLD ICC IPD

Figure 20 — OTT decoding block: two output signals with the correct spatial cues are genergted by
mixing a mono input signal\M0 with the output of a decorrelator D that is fed with that mono|input
signal

n addition to the mode/outlined above, residual coding can be employed with a residual having a limited or full
andwidth. This js.illustrated in Figure 21.

O

© ISO/IEC 2012 — All rights reserved 167


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

OTT box

MO > Left

mix matrix
[M2]

res =Right

CLD ICC IPD

Figure 21 — OTT decoding block for residual coding: two output signals are generated by mixing a
mono input signal M0 and a residual signal res, using the CLD, ICC, and IPD parameters

7.11.2 Decoding process

7.11.2.1| Lossless Decoding of IPD parameters

—

The syntax element bsPhaseCoding in Mps212Config() indicates whether IPD coding is applied. In case tha
the syntax element bsOttBandsPhasePresent is decoded'as 1, the number of IPD parameter bands
transmitted explicitly by bsOttBandsPhase. Otherwise,;thie number of IPD parameter bands is initialized t
their default values using Table 104.

[ORN 7))

If residual coding is employed (bsResidualCoding == 1), the number of IPD parameters transmitted is equal
to the larger of the two values bsOttBandsPhase and bsResidualBands.

=h

In the following text numBandsIPD refers to the number of IPD parameter bands, i.e. the number ¢
transmitted IPD parameters.

The syntax element, bsPhaseMode indicates whether the IPD parameters are available for the current
Mps212Data frame. If the value of bsPhaseMode is set to zero, the IPD parameters are set to zerg.
Otherwide, the quantized IPD.indices are losslessly decoded from the bitstream.

If decodipg the IPD parameters, the syntax element, bsQuantCoarseXXX[][] means bsQuantCoarselPDI][]

=)

The quantized-IPD parameters are decoded using the lossless coding scheme as specified i
ISO/IEC[23003+4:2007, 6.1.2 but with following changes:

- D e to Hh A rannine neanarbg ~Af thin nihaon naramantar tha DN Aiantiond inAAy 16 AanlaladnA pioine ~ AL
u e VWiappPmgpPropCrty OrtrhCprasCpPararCte T o QuartzC oGt Ao CoCuatCO—ou ST oTo

operation on the difference from the adjacent (either time or frequency axis) quantized IPD. The sign bit for
the difference value in 1D Huffman coding is not necessary because the difference value is always positive
after modulo operation. For the same reason, the sign information in 2D Huffman coding i.e. bsSymBit[0] in
SymmetryData() is not necessary.

- In case that the fine quantization is applied as indicated by bsQuantCoarselPD, the symbols are split into
3bit MSB and 1bit LSB. The upper symbol is decoded with 1D or 2D Huffman coding using coarse
quantization and the LSB symbol is decoded with the syntax LsbData(). If the quantization level of the
previous frame is not the same as that of current frame, the quantized index of the previous frame is
converted to the same precision as the current frame so that time differential coding can be done.
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The decoding of the Mps212Data() data results in the parameter indices idxIPD[][][] of the quantized IPD
parameters

idxIPD[pi][ps][pb] having values in the range 0 .. 15

where

pi = parameter instance which in the case of IPD decoding, used only in the 2-1-2 mode, has a value of 0.

ps = parameter set having values in the range 0 .. numParamSets-1,

pb = parameter band having values for IPD parameter in the range 0 .. numBandsIPD-1-and [for other
parameters in the range 0 .. numBands-1,

pg = parameter group having values in the range 0 .. dataBands-1

h case of IPD parameters, the syntax element, bsXXXdataMode[][] in Table 58 means bsiPDdataMode[][].
ecode IPD parameter sets ps according to their bsiPDdataMode[][] as below.

| o

while (ps=0; ps<numParamSet; ps++) {
switch (bsIPDdataMode [pi] [ps]) {
case 0: /* default */
for (pb=0; pb<numBandsIPD, pb++) {
idxIPD[pi] [ps] [pb] = 0;
}

break;
case 1: /* keep */
case 2: /* interpolate */
for (pb=0; pb<numBandsIPD, pb++) {
idxIPD[pi] [ps] [pb] = idxIPD [pilPps-1] [pb];
}

break;
case 3: /* coded */
if (!paramHandled[ps]) {
DecodeDataPair();/* see/ISO/IEC 23003-1, 6.1.2.3%/
!

break;

}

I

irst, the previous data is pre=processed for time-differential decoding.

detIdxStart = dataSetIdx[ps];
gtartBand = stagxtBandIPD[pil] ;

dtopBand = stgpBandIPD [pi];
gbStride = pbStrideTable [bsFreqResStrideIPD[pi] [setIdx]]; /* see ISO/IEC 23003-1 Table 70
*

/
dataBand§ %' (stopBand - startBand - 1) /pbStride + 1; /* ANSI C integer math */
aGroupToBand = createMapping(startBand, stopBand, pbStride); /* see ISO/IEC 23003-L
gubcladse 6.1.2.4%/

flor. (pg=0; pg<dataBands; pg++) {

pb = aGroupToBandlpgl ;
tmp = idxIPD[pil] [ps-1] [pb];
if (bsQuantCoarseIPD[pi] [setIdx]) {
tmp = tmp/2; /* ANSI C integer math */

idxIPDmsb [pi] [setIdxStart-1] [pg] = tmp;
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Then, delta decoding is done in the following order

if (!bsPcmCodingIPD([pi] [setIdx])
if (bsDataPairIPD[pi] [setIdxStart])
if ((bsDiffTypeIPD[pi] [setIdx]==DIFF_TIME) &&
(bsDiffTimeDirectionIPD [pi] [setIdx] ==FORWARDS) ) {
decodeDeltaData (setIdxStart+1) ;
decodeDeltaData (setIdxStart) ;

else {
decodeDeltaData (setIdxStart) ;
[ decodeDeltalDatalseclaxstarc+l) ;

elsed
lecodeDeltaData (setIdxStart) ;

} else
idxIPDnotMapped [pi] [setIdx] [pg] = bsIPDpcm([pi] [setIdx] [pg];

where the decodeDeltaData(setldx) process is carried out as follows

for (pgk 0; pg< dataBands; pg++) {
switlch (bsDiffTypeIPD[pi] [setIdx]) {
case DIFF_FREQ:
1f ((pg > 0 ) {
idxIPDmsb [pi] [setIdx] [pg] =
(idxIPDmsb [pi] [setIdx] [pg-1] + bsIPDmsbDiff [pi] [setIdx] [pgl) %8;
else {
idxIPDmsb [pi] [setIdx] [pg]l = bsIPDmsbDiff [pilMsetIdx] [pgl;

break;
casg DIFF TIME:
1f ( (pg > 0) || (mixedTimePairIPD[pil{$étIdx]) ) {
switch (bsDiffTimeDirectionIPD [pi] [setIdx]) {
case BACKWARDS:
1dxIPDmsb [pi] [setIdx] [pg] *=
(1dxIPDmsb [pi] [setIdx<¥] [pg] + bsIPDmsbDiff [pi] [setIdx] [pg]l) %8 ;
break;
case FORWARDS:
/* assert that idxIPDmsb[pi] [setIdx+1l] is already available */
idxIPDmsb [pi] [setIdx] [pgl =
(1dxIPDmsb [pif [setIdx+1] [pg] + bsIPDmsbDiff [pi] [setIdx] [pgl) %8;
break;
}
else {
1dxIPDmsb [pi{[setIdx] [pg] = bsIPDmsbDiff [pi] [setIdx] [pb] ;

if (bsQuantCoarseIPD==1) ({
1dxIPDnetMapped [pi] [setIdx] [pg] = idxIPDmsb [pi] [setIdx] [pg];

elsq {
1dxIPDnotMapped [pi] [setIdx] [pg] =
2*idxIPDmsb [pi] [setIdx] [pg] + bsIPDlsb[pi] [setIdx] [pg] ;

Finally, the following post-process is applied to the decoded data.

for (i=0; i<=bsDataPairIPD[pi] [setIdxStart]; i++)
setIdx = setIdxStart+i;
ps = paramSet [setIdx];
paramHandled[ps] = 1;
for (pg=0; pg<dataBands; pg++) {
tmp = idxIPDnotMapped[pi] [setIdx] [pg];
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if (bsQuantCoarseIPD [pi] [setIdx]) ({
tmp = tmp*2;
}
pbStart = aGroupToBand [pg] ;
pbStop = aGroupToBand [pg+1] ;
for (pb=pbStart; pb<pbStop; pb++) {
idxIPD[pi] [ps] [pb] = tmp;
}
}
}
Il parameters types are dequantized for all parameter bands 0<m < M, and all parameter sets [0 < I<L
ccording to ISO/IEC 23003-1:2007, 6.1.8. For IPD parameters, the dequantization function_uses Table 135
nd will return a dequantized value according to chosen index.
henever parameter interpolation is used as signaled by bsIPDdataModepi,/,m)=2 | for the
rresponding indices idxIPD(pi,/,m), the dequantization function will also ugse the parameter time slot
ctor t and the previous and next parameter indices idxIPD(pi,l,,, .f2) and idxIPD(pi{ ,,..m)
respectively, to calculate the interpolated IPD indices according to:
idxIPDpi,/, . ,m if 1dxIPDi, [, ,m)=<idIPDpi,/, . ,m)<8
i XIPDbefore(pi’l’m): . (}7 o ) (p " ) (17 " )
idxIPD(pi 1, m)+16 ,else
idxIPDpi,[ ., . m ,f idxIPD(pi, [, ) vm) —idxIPD(pi, [ ;. ,m) <8
idxIPD,,_(pi,l,m)=1, ,(p gers ) (L e ) (Pl )
idxIPD(pi,!/ fiers m)+16 ,else
idxIPD ,[,m)—idxIPD 1,
iXIPD(pi, ], m) = idePDbefore(pi,l,m)+INT(l g lm) s (P11 (t(l)—t(lbm))] njod 16
t(laﬁer ) - t(lbefore)
Z efore < Z < lafter
Where
} ... is the parameter set with the largest value smaller than / for which bsIPDdataMode(pi,/, ; |,m)# 2
and where
ls., is the parameter set with the smallest value larger than / for which bsIPDdataMode(pi,/ . |,m)# 2
and where
idxIPD(pi,- L;m) refers to the last parameter set in the previous frame and t(—l) is set tofthe first
parameter time slot in the current frame, hence equals zero.
Table 135 — IPD dequantization table
rdex 0 . 2 3 4 5 6 va
V4 3 V4 5 3z | 7
IPD value 0 — — - | = - | — | =
8 4 8 2 8 4 8
Index 8 9 10 11 12 13 14 15
5 11 3 13 7 15
IPD value T —n |- |—7 | —T|—7 | -7 | —7T
8 4 8 2 8 4 8
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7.11.2.2 OPD parameter estimation

The OPD parameters represent the phase difference between left and downmixed mono signal. Unlike the
parametric stereo tool as defined in ISO/IEC 14496-3:2009 (HE-AAC v2), only the IPD parameters are
transmitted for efficient representation of phase information. With the given CLD and IPD parameters, the
OPD parameters are estimated as below:

{ 0 if (IPD"" == 7 & & CLD""™ ==0)
OP‘ Lm — ( L - ol
"ot~ | arctan Zl;szbll’lUI’U / ,otherwise
wf 10 20 4+ wé”" cos(IPDl””)

with
w'| = (2—\/ER1”" )w;m =+ER",

cLD"" cLp'
10 1 +1+2-cos(IPD'")- 1CC"" 10 2
cLp' cLD""

10  +1+2-ICC"™-10 2

laR,m —

where ER represents the energy ratio between a phase aligned and.a non-phase aligned downmix.
7.11.2.3| Calculation of pre-matrix M1 and mix-matrix M2

7.11.2.31 General

[oN

The caldulation of pre-matrix M1 and mix-matrix*M2, which are interpolated versions of R;™ G;™ H"" an

R;m, is|done according to ISO/IEC 23003-1:2007, 6.5, but with the modifications described in the followinjg
section. |n case that IPD parameters are available, mix-matrix M2 is modified for phase synthesis.

7.11.2.32 Upmix without IPD coding

For the 3-1-2 configuration Ri’m is defined according to:

1,n} {1}
R} =
1

The Gi’ matrix is defined as for the 5-1-5 configuration according to ISO/IEC 23003-1:2007, e.g. if n

external downmix rnmppncntinn is applipd'

(@)

1,m
G"=[1 0]
The matrix Hi’m for the 2-1-2 configuration defaults to the unity matrix.

For the Rgm matrix, the elements are calculated from an equivalent model of one OTT box according to:
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I,m I,m
Rl,m _|:H110TT H120TTi|
2 l,m l,m
H210TT H22OTT
7.11.2.3.3 Upmix with IPD/OPD coding
If bsPhaseCoding == 1 and bsResidualCoding == 0, then in the case that the IPD coding is enabled for the

current frame, the phase correction angles from the IPD and estimated OPD for the two output channels are
given for all parameter sets / and processing bands m:

lm __ I,m
" = OPDW

6," = OPD;; —IPD""

>

daptive smoothing is applied to the phase correction angles. The smoothed correction-angles are cplculated
gs follows:

67;’” = SmoothAngle(Qi’”’, 1%71”” , 5(1))
where x =1 or 2,

a—a <

prev

sa+(1-6)a,,, ,
8)=1{6a+(1-5) (2
S(a+27)¥(1-6)a

smoothAngle(a,a

prev? prev

+27z) ,a—a > rmod2x

prev s a-— cxprev <-7

sdE (1(1)+1)/128 =0
©= (t()-t(1-1))/128 ,I>0

moothing can be disabled by the encoder using the bsOPDSmoothingMode flag or shall be disablgd by the
ecoder if the IPD resulting from the smoothed phase correction angles deviates from the transmitted IPD by
nore than a defined threshold, as shown here:

= O (N

o ,(bsOPDSmoothingMode = 0) I (‘AIPD”’"‘ > 9)

él,m —
o' else
where

50
—n bsQuantCoarselPD =1

9= 180

] 25
@7[ bsQuantCoarselPD =0

and AIPD"" is the difference between the transmitted IPD and the IPD resulting from the smoothed angles,
normalized to a range of *7 :
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AIPD"" = (IPD“" (O -0y )+ ;z) mod 277 — 7
To obtain the phase correction angles for all time slots, a linear interpolation with unwrapping is performed:

(1-a(n,0) 0" +a(n,1)0"" ,

Nl Ni-1
o -0 <x

0" = (l—a(n,l))(é)f_l’m +27r)+a(n,l)6’~;’m ,67;'" —é)f_l’m >

(—aD)0, ™ +a(D (07 +22) 07 -0 " <=

The phase synthesis is applied by modifying the mix-matrix M2 as follows:
féln',((k) 0 Mn,k Mn,k

M = e 1 12
2 (k) n,k n,k

0 e’ M," My

7.11.2.34 Upmix with prediction-based IPD coding

If bsPhapeCoding == 1 and bsResidualCoding == 1, the R;m matrix\is defined as following:

l-a" 1
, , 11 al ,m < resBands
Rl’n_{Hllé";T leéﬂ 2" [1+a"™ 1

2

- H211,m H221,m - 1_ 1,m lm
orr orr —ll @ 1 P 1 ,otherwise
2" [ 1+gly -
where
"= min CLDlli:’m *1 1.2
CLD." +142-1CC*" -cos(tPD™ )-\JeLplm ™ |

| 1=cLpn<aj-sin(ipp'm ). 1cCt - JeLpgr

lin

LD 1+2-1CC™" -cos(IPD™" )N JCLDL"

lin

2-JeLoy-fi-(icc ¥ )
CLD." +1+2-cos(IPD"" ). ICC" -\JCLDL"

lin

using

CLD[’M

CLD!™ =10 '°

lin

Incase CLD"" =1, ICC"" =1 and IPD"" = r:

lin
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1 |1 1
,m < resBands

2¢.,. |1 -1
Rl,m_ clip
? 1|1 0 .
,otherwise
2cch.p -1 0
where ¢, =1.2

71.11.2.4 Transient Steering Decorrelator (TSD)

The decorrelator block D in the OTT decoding block (Figure 20) consists of a signal separator, two
decorrelator structures, and a signal combiner as shown in Figure 22,

decorrelator block D

Vs

nk

VX nonTr D

> Uap ﬂ

. n,k
vk transient - dy
" | separation +
n,k

V1 *D Drr 4

A A
. J
TsdSepData bsTsdTrPhaseData

Figure 22.=~Transient steering decorrelator block D

where

C

ap - all-pass decorrelator as defined in subsection 7.17.2.5.

D+r : Transient decorrelator.

I{ the TSD toolis active in the current frame, i.e. if (bsTsdEnable==1), the input signal is separated into a
transient stceam vf(’f‘T, and a non-transient stream v;’(’,knom according to:

. [v¥* | if TsdSepData(n)=1,7 <k
Vx,mr — .
10 , otherwise

vX,nonTr -

e {0 ,if TsdSepData(n)=1,7 < k

nk .
vy" ,otherwise

The per-slot transient separation flag TsdSepData(n) is decoded from the variable length code word

bsTsdCodedPos by TsdTrPos_dec() as described below. The code word length of bsTsdCodedPos, i.e.
nBitsTsdCW, is calculated according to:
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. . numsSlots
nBitsTsdCW = ceil| log,
bsTsdNumTrSlots + 1

Decoding of the TSD transient slot separation data bsTsdCodedPos into TsdSepData(n), an array of length
numsSlots consisting of ‘1’s for coded transient positions and ‘0’s otherwise, is defined as follows:

Position decoding function TsdTrPos_dec(bsTsdCodedPos):

s bsTedCodedPog -

p = bsTpdNumTrSlots+1l;
N = numpBlots;
for (k=p; k<N; k++)

TsdBepData [k] =0;
for (k=N-1; k>=0; k--)

if |(p > k)

for (;k>=0; k--)
TsdSepData [k]=1;

break;

1;
; h<=p; h++) {
- p + h;

-p
h

H

[0}

[a}
QQ~~w
nmn N+

=k
/= h;
if |(s »>= (int)c) { /* c is long long for up to 32 slots */
s -= c;

TsdSepData [k]=1;

p--i

if (p == 0)

break;

}

If the TYD tool is disabled in the current ffame, i.e. if (bsTsdEnable==0), the input signal is processed as |if
TsdSepData(n)=0 for all n.

Transienf signal components are processed in a transient decorrelator structure Dt as follows:

2 -
i ,

e/” -yt Cif bsTsdEnable = 1
0 , otherwise

where

@r) =7.0.25 - bsTsdTrPhaseData(n) .

The non-transient signal components are processed in all-pass decorrelator Dap as defined in the next
subsection, yielding the decorrelator output for non-transient signal components,

n,k _ n,k
dX,nanTr - DAP {VX,mmTr } .

The decorrelator outputs are added to form the decorrelated signal containing both transient and non-transient
components,

d)n(,k — dn,k +dn,k

X,Tr X ,nonTr *
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7.11.2.5 All-Pass Decorrelator

As described in ISO/IEC 23003-1:2007, 6.6, the de-correlation filters consist of a frequency-dependent pre-
delay followed by all-pass (IIR) sections.

For the 2-1-2 configuration, the frequency axis is divided into four different regions according to
bsDecorrConfig = 0 and only one decorrelator is used, X =0.

In each frequency region the length of the delay is defined as:

n-11k
vy kek,

n—-10,k
- vy k ek,
X.delay — n-5.k
vy kek,
n—2k
vy k ek,

—

he delayed hybrid subband domain samples are then filtered according to ISO/IEC 23003-1:20Q7, 6.6.2,
sing the following lattice coefficients:

.

-~ Forregion k, the length of the coefficient vector is given by L =10+ and the lattice coefficienty [} , are
defined according to Table 136.

I

or region k,, the length of the coefficient vector is givenby L =8, and the lattice coefficients l;’(’l are

defined according to

— Table 137.

I

or region k,, the length of the coefficient-vector is given by L =3, and the lattice coefficients| l;jz are

defined according to

— Table 138.

I

or region k,, the length ofithe coefficient vector is given by L =2, and the lattice coefficients 1;53 are
defined according to

— Table 139.

Table 136 — Lattice coefficients [} ; for region &,

lattice coefficients for region £,

-0.6135
-0.5019Y
-0.2331
-0.1467
-0.0074
0.0281

0.1061

-0.2914
0.1576
0.0898

OO N[O |WIN|H|O
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Table 137 — Lattice coefficients /| , for region £,

lattice coefficients for region £,

-0.2874

-0.0732

0.1000

-0.1121

PaVayaval

The use|of fractional delay in the decorrelator-is optional. The filter coefficients are derived from the lattice
ts in a different manner, depending’/on whether fractional delay is used or not. For a fractional dela
tor, a fractional delay is applied by adding a frequency dependent phase-offset to the lattic

decorrel

coefficie{
coefficie

The lattice coefficients ¢)”(”‘ are)calculated as shown in Table 140 with ¢ and phase coefficients oy 3

ts.

N|oqihwN|—~|O

Table 138 — Lattice coefficients /) , for region £,

lattice coefficients for region £,

0 0.1358
1 -0.0373
2 0.0357

Table 139 — Lattice coefficients /) ; for region £,

lattice coefficients for region £,

0:0352

alo

-0.0130

defined ip Table 92 and Table-A.30 of ISO/IEC 23003-1:2007, respectively

Table 140 — Calculation of lattice coefficients
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7.11.2.6 Modification of core decoder output

If bsResidualCoding == 1 and bsPseudoLr == 1, the time domain output from the decoded CPE is rotated
into the DMX/RES domain using a mid/side transform prior to any SBR or MPS processing block as described
by the following equation.

CPE, | 1 F 1} CPE,,
CPEright \/5 1 _l CPEright

71.11.2.7 SBR decoding

I{ bsResidualCoding == 0, mono SBR decoding is invoked prior to MPS decoding (as shown in Figure 23).

Tlhe DMX input of the MPS decoder is fed by the 64 QMF band output from the SBR decodger.
DMX | Mono SBR L
USAC decoder » MPS ——
—»| core decoder
decoder R

Figure 23 — bsResidualCoding ==

{ bsResidualCoding == 1 and bsStereoSbr == 0, mono ‘SBR decoding is invoked prior to MPS decpding (as

shown in Figure 24). The DMX input to the MPS deceder is fed by the 64 QMF band output from [the SBR
decoder. The RES input to the MPS decoder is fed by the 32 QMF band analysis of the RES output|from the
gore decoder, with the upper 32 QMF bands. set to zero (as described in ISO/IEC 23003-1:2007, (6.3.3 for
downsampled MPS decoder operation).
DMX | Mono SBR L
USAG decoder » MPS f—bp
—p] t.core decoder
decoder | RES R L

Figure 24 — bsResidualCoding == 1, bsStereoSbr ==

I{ bsResidualCoding == 1 and bsStereoSbr == 1, MPS decoding is invoked prior to stereo SBR fecoding
(ps shown.in Figure 25), so that SBR is applied to the left/right stereo signal. It is noted that this [mplies a
different~synchronization between the core signal and the SBR data as compared to the situatipn when
hsStereoSbr == 0, due to the 384 samples delay of the hybrid analysis fllterbank in the MPS decoder which

nBRatcbaratha 6 OME comnla laak . abaadaanth tha QDD A daoprin thic otian Tha MDOQ AR Odel' |S
AROot-Sharethe-o-Ghvr SATTTPTC roor-aReat—wWn—tneoSor—Gaecoaeri—tsS \JUIIIIBUIGILIUII IV O UtC

fed by the 32 QMF band analysis of the output of the core decoder, with the upper 32 QMF bands set to zero
(as described in ISO/IEC 23003-1:2007, 6.3.3 for downsampled MPS decoder operation).

DMX L
USAC » MPS »| Stereo —>
—»| core decoder SBR
decoder| RES decoder| R
> > —>

Figure 25 — bsResidualCoding == 1, bsStereoSbr ==
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MPS212 decoding in USAC is always done in combination with SBR decoding, using one of the three
configurations shown above. The output of this combined MPS212 and SBR decoding is always a 64 QMF
band representation of the stereo output signal, independent from the output sampling frequency of the USAC
decoder.

7.12 AVQ decoding

Algebraic Vector Quantization (AVQ) is used to quantize two sets of parameters in LPD mode: the coefficients
of the LPC filter (in the form of ISFs) and the DCT coef‘flaents in the FAC correctlon at the Junctlon between
an ACEL d
quantization, two 8- dlmen3|onal bIocks are quantlzed since the LPC fllter has order 16. AIternatlver, whe)
applied tp quantize the FAC correction, the number of 8-dimensional blocks of DCT coefficients quantized wit
AVQ depends on the size of the FAC window. Before looking at the decoding steps we will first give 'some
definitior]s.

The quantizer used in the AVQ tool is based on the rotated Gosset lattice denoted by.'REs, a regulz
arrangement of points in 8 dimensions. The REglattice is defined as follows:

—

RE, =2D,U{2D, +(1,1,1,1,1,1,1,1)}

where Dg is the 8-dimensional lattice with integer components whose sum is ‘even (or equal to 0 modulo 2).
Hence, 3D; is populated by 8-dimensional vectors with integer components whose sum is 0 modulo 4. Alsg,
lattice 2[ps + (1,1,1,1,1,1,1,1) is simply 2Dg shifted by vector (1,1,1,1,1,1,1). So REgis the union of all point
in 2Dg and in 2Dg + (1, ,1,1,1,1,1,1). Two example vectors in REg are<1,1,-1,1,1,-1,-1,-1) and (0,2,0,0,0,0,0,4

~ 0

Points in|a lattice can be generated using the generator matrix far.that lattice. For a lattice in n dimensions, the
generatdr matrix is an nxn matrix. The generator matrix of lattice, REg is given by:

40 00 0O0O0OO
2200 0000
202 00000
2002 0000
“=lb 0002000
2000 0 2_0.0
2000 0.0)2 0
11141 1 1]
If k is an 8-dimensional line,vector with integer components, then the matric product k G is a lattice point in
REg. Forlexample, using.k'= (1,0,0,0,0,0,0,0), we get ¢ = k G = (4,0,0,0,0,0,0,0) which satisfies sum(k * G) =0
modulo 4 so it is a paint’in the lattice. Or if kK = (1,0,0,0,0,0,0,-1), then ¢ = k G = (3,-1,-1,-1,-1,-1,-1,-1) which is

also a pqint in lattice ' REs. An so on.

Any latti¢e as the RE; lattice has an infinite number of lattice points which theoretically extend to infinity in gl
dimensigns-of the lattice. In the AVQ tool of USAC, to form codebooks with finite rate usable for vectd
quantizatiom,thefatticeis—sphericatty timitedandembedded-infour-so-cattedbasecodebooks Qg Q5 Q5 an
Q4. Qo has only one entry (0-bit codebook) which is the origin vector (0,0,0,0,0,0,0,0) to indicate that the
vector is not quantized. Q, is the smallest codebook covering 256 vectors (8 bits) around the origin (Qp). Qs is
a larger codebook with 4096 vectors (12 bits) and is embedded with Q, meaning that Q, is a subset of Q;. Q4
is the biggest codebook covering 65536 vectors (16 bits) and is not embedded with Q; meaning that Q, and
Qs together cover aII the base codebook space. Hence, a base codebook Q, is a 4n bit codebook, that is Q,
comprises exactly 2*" lattice vectors. Note that in the AVQ there is no Q; (considered not optimal). Instead of
adding many codebooks to cover a wide range of subsets in REg, an additional algebraic quantization is used
as an extension of Q; or Q4. This additional quantization, scalable with steps of 8 bits, replaces Qs, Q; and so
on up to Q35 when used on top of Q; and Qs, Qg and so on up to Qs when used on top of Q4. The extension,
called Voronoi extension, will be explained below.

L S
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According to the properties of REg, it can be shown that all points of the lattice lie on a succession of
concentric spheres with specific radii. As an example, two such concentric spheres are drawn in Figure 26
below using a 2-dimensional codebook for illustration.

= = N

Figure 26 — Concentric spheres in a 2-dimensional
AVQ codebook illustration

bviously, all lattice points on one of those concentric spheres have the same length. Since permu
ne components of a given vector produce other vectors of same length, all permutations of some lat

nus transmitting) the lattice points in the base codebooks, and thus used in\the AVQ tool. A leader i
s an 8-dimensional vector which is part of the lattice and whose compgnents are sorted in descend
f magnitude. There will be two kinds of leaders: absolute leaders, with-all components positive or 2
gned leaders, with components also taking positive and negative sigh. To take an example, (2,2,0,(
nd (1,1,1,1,1,1,1,1) are the two absolute leaders on the first sphere of the lattice. Furthermore, th¢
gned leaders corresponding to the absolute leader(2,2,0,0,0,0,0,0), namely (2,2,0,0
.0,0,0,0,0,0,0,-2) and (0,0,0,0,0,0,0,-2,-2). And there are. 5'signed leaders corresponding to the

a0 QO O 0O Q =~

~— —h

= 0O = O 0 -

ader (1,1,1,1,1,1,1,1), namely (1,1,1,1,1,1,1,1), (1,1,1.44%1,-1,-1), (1,1,1,1,-1,-1,-1,-1), (1,1,-1,-1,-1
nd (-1,-1,-1,-1,-1,-1,-1,-1). It can be verified, with the definitions given above, that any permutation
gned leaders is a point in the lattice REs.

ecoding a vector in one of the base codebooks will thus require determining, from the received pa

the bitstream, the identity of the codebook*(Q,, Q; or Q4) and then the absolute and signed le
nally the permutation of the signed leader:components to provide the identity of the lattice point sg
he encoder.

hrough adaptive bit allocation, the*encoder can select larger or smaller lattice codebooks to encodg¢
-dimensional block of coefficients. The spherical enumeration and leader concept could be used to
ven larger codebooks than(the base codebooks Q,, Q; and Q4. However, beyond these base cod
echnique called the Voronoi extension is applied. Suppose that a vector x had to be quantized, and t
utside the largest base)codebook as shown here in red (in this Figure, the Voronoi or nearest-
bgions around each lattice point in the base codebook are shown):

ations of
ice point

£ on the same sphere. This gives rise to the notion of leader, a central concept used for enumerating (and

5 defined
ng order
ero, and
,0,0,0,0)
ere are 3
,0,0,0,0),
absolute
~1,-1,-1)
of these

rameters
ader and
lected at

e a given
construct
bbooks a
hat x lied
neighbor

Figure 27 — Vector x lies outside of the largest base codebook

Then, to allow quantization of vector x, the base codebook is first scaled up by a factor of m, like in the
following Figure with a scale factor of 2:
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Figure 28 — Scaled base codebook with vector x
falling within the codebook space

Now vedtor x lies “inside” the base codebook (actually inside the Voronoi region of one of the vectors of th
scaled bpse codebook). However the Voronoi regions have been enlarged so the expanded region will no
cover more than one lattice point, in the case of REg the Voronoi region will cover 467=256 points and us
4m=8 bifs for a scale factor of m = 2. Then, each time a base codebook is enlarged-by a factor of two, th
Voronoi fregion needs 8 additional bits in order to cover all RE; lattice points\inside the codebook. Alsd
because|of the regular structure of the lattice, the Voronoi extension retains, theattice structure. That is, th
extended codebook points and the additional codebook points from the Voronei extension are all lattice point
in REs.

O P <D

[ZI¢))

To decodle the lattice point nearest to vector x selected at the enceder, the decoder will require to determing,
from the| received parameters in the bitstream, the identity of the base codebook (Q,, Q3 or Qq), then the
scaling factor m for the base codebook (if the Voronoi extension is used), then the decoded point ¢ in the basg
codebook (with the leader and permutation technique disCussed above), and finally the vector from the
Voronoi ¢xtension codebook, v. The decoded lattice point will'then be obtained as

B=mc + v

Hence, the description of any lattice point usjng-the Voronoi extension method uses two components, on
from the| scaled base codebook and the ,other from the Voronoi extension. Otherwise, when no Vorong
extensiof is applied, a lattice point is simply-described as vector ¢, an element in one of the (unscaled) base
codebooks Qp, Q2, Q3 or Q4 (with Q, uséd only to indicate the all zero vector).

O =0

With thege definitions we can now(turn to the actual decoding steps for the AVQ tool.

For each 8-dimensional block’of coefficients quantized with the AVQ tool, three parameters are received at
the decopler:

— a codebook number qn

— avegtor index'/

— and|possibly a Voronoi extension index k, depending on the value of gn (if gn > 4, a Voronoi index k is
received for the 8-dimensional block encoded, otherwise only the codebook number gn and the vector
index I are received and used for decoding that block of coefficients)

If gn < 4 (i.e. if no Voronoi extension index k is received) then decoding indices gn and / will produce an 8-
dimensional block of coefficients B = c¢. Otherwise, if gn > 4, then decoding gn, / and k will produce an 8-
dimensional block of coefficients B = m ¢ + v. The significance of m, y and v is as described above.

In a first step, if gn = 0 then ¢ = (0,0,0,0,0,0,0,0) that is the decoded 8-dimensional block of coefficients is set
to 0 in all its components. In this case, the following decoding steps are not applied.
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The scaling factor m is obtained as follows:
— if gn £ 4, no scaling factor is used (no Voronoi extension, use only base codebook c)

— ifgn >4, m = 2" with exponent r = 1 when gnis in {5,6}, r = 2 when gnis in {7,8}, r = 3 when gnis in {9,10},
and soon up to r=16 when gnis in {35,36}

Hence the scaling factors for the Voronoi extension, when applied, are integer powers of 2.

Next we describe how the indices /| and k are decoded to produce, respectively the 8-dimentional vectors ¢
(entry from base codebook) and v (Voronoi extension).

I

irst, a base codebook index n and the level of the Voronoi extension are computed from the’ ¢odebgok index
gn as follows:

— if gn <4, then n=qn and there is no Voronoi extension (k is not even presentjin the bitstream)

—+ ifgn>4,then n=3ifgnis odd and n =4 if gn is even (so only Q3 or Q{’is used as base codg¢book for
the Voronoi extension)

ince gn is a positive integer (including 0 but excluding 1), the base codebook index n is in {0, 2, 3, 4}. To
bcall, each base codebook Q, comprises 2*" entries (lattice points). So Qy has 1 entry, namely the origin
D,0,0,0,0,0,0,0] of the lattice. Q, has 256 entries (or 256 lattice points). Q3 has 4096 entries and Q, has 65536
ntries. Consequently, index / comprises 4n bits and uniquely identifies one lattice point in Q,. Kngwing the
ase codebook index n, the decoding of index I follows steps{Dte’6 below:

O 0= 3 (N

1) From the value of the received vector index /,*determine the absolute leader. This absolufe leader
identification is done by comparing index / to the cardinality offset table for absolute leader$ of base
codebook Q,. The absolute leader will be jdentified as the position in the cardinality offset table which
has the closest and lesser or equal valueto /. The cardinality offset table of base codebooks Q. and
Qs is 13 = {0, 128, 240, 256, 1376, 2400, 3744, 3856, 4080} - Q. uses only a subset of these. The
cardinality offset table of base codebook Q. is /4 = {0, 1792, 5376, 5632, 12800, 2176(, 22784,
31744, 38912, 45632, 52800, 53248, 57728, 60416, 61440, 61552, 62896, 63120, 64144, 64368,
64480, 64704, 64720, 6494465056, 65280, 65504, 65520}. So for example if n = 3 and jndex / =
467, the closest and lesser or equal value in the cardinality offset table /3 is 256. So we select the
absolute leader “number:3” since the value 256 is at position 3 (starting counting at position| 0) in the
cardinality offset table;

2) Reconstruct the absolute leader by a table lookup in the_absolute leader table Da:
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Table 141 — Absolute leader table, Da

G)ES(O OO |N|O|O|B OO |RWOARRWINPAIWINIRARWININ|—

10
12
12
10
14
12
16
20

Each line in table Da’contains the 8 components of an absolute leader.

[=la]e.] NDES BIO|IO|OIN[ARINO|IO=2(BINARINWIAINIWIRARINWININIWINIO|I=~ININ|—

OO0 |I0|I0O0|IO|O O |OIN|IOIO(=2(ININ|A|IO|I=2ININWI=|OIN|IWININ(=2IN|O|=~|INO|—~
OOOO|0|I0|I00O|O(O|=|O|0|I0|O(=OINO|IO|I=ININW=|OIN|=NOC[=|NO|=|INO|—~
OO0 |I0 00|00 |O|O|O|~|O|0O|0|~(O|I0|O(O|=OIN|= [ O|IN[2INO[=~|IN|O(~ OO~
OO0 |I0 00000 |0 |0 C|I0O|=O|I0|C(CO|=OIN|= (2 O|0(=~|INO(=~IN|O(m OO~
OO0 |I0 00000 |0O(~ 0|00 |0~ C|I0|OO|=OIN|= 2 O|I0(=~|NO(m|IO|0(m |00~
OO0 |0 00|00 |O|0O|0|~|O|00|TO|AC|I0|OO|~O0| [~ O|0(~|NO|~ o000~

For examplesifiin step 1 we select the absolute leader “number 3”, then reconstructing the absolute
leader means selecting the third line of table Da, namely the 8-dimensional vector ya F
[2,2,2,2,0,0,0,0].

=

3) |Search for the identifier of the signed leader by comparing index / to the cardinality offset table ¢
signed leaders /s given below (table /s is a 1-dimensional table). The signed leader will be identifig
as the position in table /s which has the closest and lesser or equal value to /.

o

Is = {
0, 1, 29, 99, 127, 128, 156, 212,
256, 326, 606, 1026, 1306, 1376, 1432, 1712,
1880, 1888, 1896, 2064, 2344, 240, 248, 0,
28, 196, 616, 1176, 1596, 1764, 1792, 1820,

2240, 2660, 2688, 3024, 4144, 4480, 4508, 4928,
5348, 2400, 2568, 2904, 3072, 3240, 3576, 5376,
5377, 5385, 5413, 5469, 5539, 5595, 5623, 5631,
5632, 5912, 6472, 6528, 6696, 8376, 9216, 10056,
11736, 11904, 11960, 12520, 12800, 13080, 14200, 15880,
17000, 17280, 17560, 18680, 20360, 21480, 3744, 3772,
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3828, 21760, 21768, 21936, 22216, 22272, 22328, 22608,
22776, 22784, 22854, 23274, 23344, 24464, 25584, 26004,
28524, 28944, 30064, 31184, 31254, 31674, 31744, 31800,
32136, 32976, 34096, 34936, 35272, 35328, 35384, 35720,
36560, 37680, 38520, 38856, 38912, 39332, 40172, 40592,
41432, 43112, 43952, 44372, 45212, 45632, 45968, 47088,
47424, 47480, 48320, 49160, 49216, 49272, 50112, 50952,
51008, 51344, 52464, 3856, 3912, 3968, 4024, 52800,
52856, 53024, 53192, 53248, 53528, 54368, 55208, 55488,
55768, 56608, 57448, 57728, 58064, 58400, 58736, 59072,
59408, 59744, 60080, 60416, 60472, 60752, 60920, 60928,
ﬁno’lﬁ’ G‘I‘InA' K‘IQQA’ Angn, AnQQ’ G‘IAA('\' K‘IAGQ’ G‘II:’)A'
61552, 61720, 62056, 62224, 62392, 62728, 62896, 62952,
63008, 63064, 63120, 63128, 63296, 63576, 63632, 63688,
63968, 64136, 64144, 64200, 64256, 64312, 64368, 64396,
64452, 64480, 64536, 64592, 64648, 64704, 64712, 64720,
64776, 64832, 64888, 64944, 64972, 65028, 65056, 65112,
65168, 65224, 65280, 65336, 65392, 65448, 65504, 65512,
65520, 65528};

So taking again the example in Step 1 where codebook number n =,3.and vector index / =467, the
closest and lesser or equal entry in table Is is 326. This value of 326/is at position 9 in table Is. To
know which signed leader this corresponds to, we have to know Wwhich absolute leaders, in qrder, are
used to populate codebook Q, and we have look both~at tables Da and /s. Table A3 =
{0,1,4,2,3,7,11,17,22} indicates the position of the absolute leaders from table Da to |populate
codebook Qs. And table A4 ={5, 6, 8, 9, 10, 12, 13, 14, 45,16, 18, 19, 20, 21, 23, 24, 25, 26, 27, 28,
29, 30, 31, 32, 33, 34, 35, 36} indicates the position ofithe absolute leaders from table Da to|populate
codebook Q4. So, to continue with the example using n = 3 and index | = 467, the first|absolute
leader is [1,1,1,1,1,1,1,1], which has five signed\leaders as given above. These first five signed
leaders map to the values 1, 29, 99, 127 and 128’respectively in table Is. We must continu¢ in table
Is up to the 9™ element (Wlth value 326). Sosaccording to table A3, the next absolute leadef in Q3 is
[3,1,1,1,1,1,1,1], which has 8 signed leaders: [3,1,1,1,1,1,1,-1], [3,1,1,1,1,-1,-1,-1], [3,1,1,-1}-1,-1,-1,-
1], [3,-1,-1,-1,-1,-1,-1,-1], 1, [1,1,1,1,1,1,4,°-3], [1,1,1,1,1,-1,-1, -3] and [1,1,1,-1,-1,-1,-1, -3] apd [1,-1,-
1,-1,-1,-1,-1, -3]. These eight signed.leaders map to the next 8 values in table /s, namely 156, 212,
256, 326, 606, 1026, 1306 and 1376. Since in our example we must advance to the ninth ppsition in
table Is and thus to the ninth signéd leader forming codebook Q3 we would pick the fourth| of these
signed leaders, that is vector3;-1,-1,-1,-1,-1,-1,-1]. It is a specific permutation of the elemerts of this
signed leader that will form_the decoded lattice vector y (see Step 5).

4) Calculate the rank of.the permutation, obtained as the difference between the received vector index /
and the value in table /s closest (but lesser or equal) to /. So, for example, if the received index was /
= 467, then its-elosest (and lesser) value in table /s is 326 and therefore the rank of the petmutation
(for the signed-leader identified in step 3) is 467 -326 = 101. The rank of permutation can [take any
value between 0 and Ptotal-1 where Ptotal is the total number of different permutations for the signed
leader selected in step 3.

5) Using the selected signed leader from Step 3 and the rank of permutation from Step 4, apply the
proper permutation to the elements of the signed leader to obtain the decoded lattice vectpr ¢ from
the base codebook. To do this, the elements of the signed leader are seen as forming an alphabet.
So first, the number g of different symbols in the alphabet is computed, along with the number of
occurences-of each eymhnl inthe mnnnri leader—For nvamnln forthe mgnnr{ leader TQ 1 1 1,_1 ,_1 -
1,-1] we have q = 2, a = [3, -1] and w = [1,7], where vector a contains the alphabet and vector w
contains the number of occurences of each element of a in the signed leader. The product B of the
elements in vector w is also calculated. So taking the same example as above we have B = 1*7 = 7.
If g = 1 then the signed leader is actually the decoded lattice point (since all elements of the signed
leader are equal). Otherwise, the following algorithm is applied to position each element of alphabet
a into proper position (i.e. apply the correct permutation to the signed leader):

— Set target = rank * B;

— Setfac B=1;
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— Forigoing from 0 to 7 inclusively do the following

— fac=fac_B * (7-i)!
I j: -1

— iteratively increment j by 1 and remove the value fac*w{j] from target as long as target is
positive or 0

set-element-cli}—alf
— increment target by fac*wf{j]
— multiply fac_B by wfj]
— decrement wjj] by 1

At the end of this loop, the 8-dimensional vector ¢ contains the properly perinuted elements of the
signed leader to form the desired decoded base codebook vector.

One last step is required if a Voronoi index k was also received (recall’that this happens only if the
codebook index gn > 4). The Voronoi index k is actually a set of 8.integers (can be seen as an §-
dimensional vector of integers), all in the range 0..m-1 where m/= 2”is the Voronoi extension scaling
factor. The exponent r = 1 when gn is in {5,6}, r = 2 when ga'is'in {7,8}, r = 3 when gn is in {9,10},
and so on up to r = 16 when qn is in {35,36}. Upon receiving the Voronoi index k, or actually the 8
integers in vector k, and knowing the scaling factor m;~decoding the Voronoi extension requires
applying the following four substeps:

— Decode the lattice point corresponding to k using the generator matrix, i.e. calculate vector v = |k
G where k is the 8-dimensional line vector€ontaining the Voronoi extension indices and G is the
generator matric of the RE; lattice

— Shift vector v by a = (2,0,0,0,0,0;0,0) and divide this shifted vector by the scaling factor m t
produce vector z = (v - a) / m. Note that z will have integer components.

O

— Find the nearest neighbour of vector z in the REg lattice. Call y this nearest neighbour. Becaus|
of the construction of\lattice REg this nearest neighbour is either in 2Dg or in 2Dg
(1,1,1,1,1,1,1,1).

+ O

— Remove m y ffem v to produce the Voronoi extension vector. So v = v — m y is the Vorong
extension veetor.

The complete. decoded lattice point for the 8-dimensional block of coefficients that was encoded
using thel AVQ tool is obtained as

mc + v

recalling that the base codevector ¢ was obtained In step o.

7.13 LPC-filter

7.13.1 Tool Description

In the ACELP mode, transmitted parameters include LPC filters, adaptive and fixed-codebook indices,
adaptive and fixed-codebook gains. In the TCX mode, transmitted parameters include LPC filters, energy
parameters, and quantization indices of MDCT coefficients. This section describes the decoding of the LPC

filters.
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7.13.2 Terms and definitions

Ipc_set LPC coefficient set index which goes from 0 (LPCO) up to 4 (LPC4)
correspondingly.

mode_lIpc Coding mode of the subsequent LPC parameters set.

qn[k] Binary code associated with the corresponding codebook numbers ny.

Ipc_first_approximation_index[lpc_set] A vector index for the first approximation of LPC filter parameters
of the LPC ftilter set Ipc_set.

The rank I, of a selected lattice point.
[Ipc_set][k][8] The AVQ refinement voronoi extension indices for LPC ceefficient sef Ipc_set.
.13.3 Number of LPC filters

he actual number of LPC filters nb_Ipc which are encoded within the bitstream-depends on the ACELP/TCX
ode combination of the USAC frame. The ACELP/TCX mode combination is extracted from |the field
d_mode which in turn determines the coding modes, mod[k] for k=0\to 3, for each of the 4 slibframes
mposing the USAC frame. The mode value is 0 for ACELP, 1 fer-short TCX (coreCoderFrampgLengthl4
mples), 2 for medium size TCX (coreCoderFrameLength/2 samples)»3 for long TCX (coreCoderFrameLength
mples). See also the definition of Ipd_mode and mod[] in 6.2.10.2.

addition to the 1 to 4 LPC filters of the superframe, an optiohal LPCO is transmitted for the first suger-frame
each segment encoded using the LPD core codec. This\is indicated to the LPC decoding procedure by a
flag first_lpd_flag set to 1.

he order in which the LPC filters are normally faund in the bitstream is: LPC4, the optional LPCD, LPC2,
PC1, and LPC3. The condition for the presence of a given LPC filter within the bitstream is summarized
im Table 142.

Table 142 — Condition for the presence of a given LPC filter in the bitstream

LPC filter Present if

LRCO first_Ipd_flag=1
LPC1 mod[0]<2

LPC2 mod[2]<3

LPC3 mod[2]<2

LPC4 Always

Tihe bitstreanyis parsed to extract the quantization indices corresponding to each of the LPC filters required by
ne ACELR/TCX mode combination. The following subclauses describes the operations needed t¢ decode
ne ofithe LPC filters.

o —

11434 G L orinciole of the i .

Inverse quantization of an LPC filter is performed as described in Figure 29. The LPC filters are quantized
using the line spectral frequency (LSF) representation. A first-stage approximation is computed as described
in 7.13.6. An optional algebraic vector quantized (AVQ) refinement is then calculated as described in 7.13.7.
The quantized LSF vector is reconstructed by adding the first-stage approximation and the inverse-weighted
AVQ contribution. The presence of an AVQ refinement depends on the actual quantization mode of the LPC
filter, as explained in 7.13.5.
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Encoded
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: : approximation Inverse-
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X A
:L Algebraic VQ
--> decoder

Figure 29 — Principle of the weighted algebraic LPC inverse quantizer

The invgrse-quantized LSF vector is subsequently converted into a vector.'of) LSP (line spectral paif
parametéers, then interpolated and converted again into LPC parameters.

~

7.13.5 Decoding of the LPC quantization mode

LPC4 is [always quantized using an absolute quantization approach. “The other LPC filters can be quantize
using either an absolute quantization approach, or one of severahrelative quantization approaches. For thes|
LPC filtgrs, the first information extracted from the bitstreamyis the quantization mode. This information
denoted [mode_Ipc and is signaled in the bitstream using.'a variable-length binary code as indicated i
Table 143.

S 0 O Q
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Table 143 — Possible absolute and relative quantization modes,
corresponding bitstream signalling of mode_Ipc

and coding modes for codebook numbers

Pos. in . . o Binary ny
Bitstr. Present if Filter | Quantization mode mode_lpc Code mode
1. always LPC4 | Absolute 0 (none) 0
Absolute 0 0 0
2. first Ipd flag=1 | LPCO
Relative to LPC4 i 1 3
Absolute 0 0 0
3. mod[2]<3 LPC2
Relative to LPC4 1 1 3
Absolute 0 10 0
Relative to
4. mod[0]<2 LPC1 | (LPCO+LPC2)/2 (NOTE 1 11 1
1)
Relative to LPC2 0
Absolute 0 10 0
Relative to 1 0 1
5. mod[2]<2 Lpc3 | (LPC2+LPC4)/2
Relative to LPC2 110
Relative to LP€4 3 11 2
NOTE 1: in this mode, there is no second-stage AYQ quantizer

I

omputed.

- Q

N —=h

Q h=— o T

7.13.6 First-stage approximation

or each LPC filter, the quantization~mode determines how the first-stage approximation of Fighre 29 is

or the absolute quantization mode (mode_Ipc=0), an 8-bit index corresponding to a stochastic VQ-quantized
rst stage approximation is extracted from the bitstream. The first-stage approximation is then compuited by a
mple table look-up.

or relative quantization modes, the first-stage approximation is computed using already inverse-quantized
PC filters, as indicated in the fourth column of Table 143. For example, for LPCO there is only ong relative
uantizationsmode for which the inverse-quantized LPC4 filter constitutes the first-stage approximgtion. For
PC1, thete)are two possible relative quantization modes, one where the inverse-quantized LPC2 constitutes
ne first*stage approximation, the other for which the average between the inverse-quantized LPCO gnd LPC2
ters_ constitutes the first-stage approximation. As all other operations related to LPC quaptization,
oMmputation of the first-stage approximation is done in the LSF domain.

7.13.7 AVQ refinement

7.13.7.1 General

The next information extracted from the bitstream is related to the AVQ refinement needed to build the
inverse-quantized LSF vector. The only exception is for LPC1: the bitstream contains no AVQ refinement
when this filter is encoded relatively to (LPCO+LPC2)/2.
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The AVQ is based on an 8-dimensional REj lattice vector quantizer. Decoding the LPC filters involves

decoding the two 8-dimensional sub-vectors ék , k=1 and 2, of the weighted residual LSF vector.

The AVQ information for these two subvectors is extracted from the bitstream. It comprises two encoded
codebook numbers gqn1 and gn2, and the corresponding AVQ indices. These parameters are decoded as

follows.

7.13.7.2 Decoding of codebook numbers

The firs parameters extracted from the bitstream in order to decode the AVQ refinement are the (tw

codebook numbers ng, k=1 and 2, for each of the two subvectors mentioned above. The way the codeboo
numbers| are encoded depends on the LPC filter (LPCO to LPC4) and on its quantization mode (absolute d
relative).|As shown in Table 143, there are four different ways to encode 7. The details on the codes used fq

ny are giyen below.

n; modes 0 and 3:

THe codebook number ny is encoded as a variable length code qn[k], as follews:

N

n; mode

0, — the code for n; is 00
03 — the code for n; is 01
Q4 — the code for ny is 10
Others: the code for n; is 11 followed by:
Os—>0
Qs — 10
Qo — 110
07— 1110
Os —> 11110

etc.

THe codebook number#i is encoded as a unary code gn[k], as follows:

Qo — unary code for nyis 0
0, =»unary code for nyis 10

05 — unary code for niis 110

s ondAA far o 4
A% T T

-,
-,

a)
A\

n; mode 2:

Q4 ——tRafy-€oae1or#1S

etc.

The codebook number 7y is encoded as a variable length code qn[k], as follows:

190

0, — the code for ny is 00
03 — the code for ny is 01

Q4 — the code for n;is 10
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Others: the code for n; is 11 followed by:

Q0—>O
Q5—>10
Q6—)11O

etc.

Cl

>

qre:

o

node (Table 144).

713.7.3 Decoding of AVQ indices

ISO/IEC 23003-3:2012(E)

71.13.7.4 Computation of the LSF weights

wii)= L, 400 o5

W Jdd,

dy = LSF1st[0]
ds =SF /2 — LSF1st[i5]
d, = LSF1st[i]- LSFIst[i—1]i=1...15

sub-vector l§k of the weighted residual LSF vectors. AVQ decoding is described in detail in 7:12.

Table 144 '—/Normalization factor W for AVQ quantization

ecoding the LPC filters involves decoding the AVQ parameters describing each 8-dimensienal quantized

t the encoder, the weights applied to the components of the residual LSF vettor before AVQ quantization

here LSF1st is the 1% stage LSF approximation and I is a scaling factor which depends on the quantization

Filter Quantization mode w
LPG4 Absolute 60
LPCO Absolute 60
Relative LPC4 63
LPC2 Absolute 60
Relative LPC4 63
LPC1 Absolute 60
Relative (LPCQ+LPC2)/2 65
Relative LPC2 64
LPC3 Absolute 60
Relative (LPC2+LPC4)/2 65
Relative LPC2 64
Relative LPC4 64

The corresponding inverse weighting must be applied at the decoder to retrieve the quantized residual LSF

vector.

© ISO/IEC 2012 — All rights reserved

191


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:2012(E)

7.13.7.5 Reconstruction of the inverse-quantized LSF vector

The inverse-quantized LSF vector is obtained by, first, concatenating the two AVQ refinement subvectors Z}l

and ZA32 decoded as explained in 7.13.7.2 and 7.13.7.3 to form one single weighted residual LSF vector, then,
applying to this weighted residual LSF vector the inverse of the weights computed as explained in 7.13.7.4 to
form the residual LSF vector, and then again, adding this residual LSF vector to the first-stage approximation
computed as in 7.13.6.

7.13.8

Inverse-quantized LSFs are reordered and a minimum distance between adjacent LSFs of 50 Hz is introduced
before they are used.

7.13.9 Qonversion into LSP parameters

The invefse quantization procedure described so far results in the set of LPC parameters in the LSF domain.
The LSHs are then converted to the cosine domain (LSPs) using the relation g; = €os(w), i=1,...,16 with g
being the line spectral frequencies (LSF).

7.13.10 Interpolation of LSP parameters

For eachh ACELP frame, although only one LPC filter corresponding to\the end of the frame is transmitted,
linear interpolation is used to obtain a different filter in each subfrae(Ny=coreCoderFrameLength/256 filtet
per ACHLP frame). The interpolation is performed between the LRC filter corresponding to the end of the
previous|frame and the LPC filter corresponding to the end of ‘the ACELP frame. Let LSP""" be the neyw
availablg LSP vector and LSPY) the previously available .KSP vector. The interpolated LSP vectors for the
str subframes are given by

2N, ] [
5P = (o Ly pspen (I Ly pgpue o =0, N, 1
2N N, 2N ,

sfir sfr sfr sfr

-1

The intefpolated LSP vectors are usedtto compute a different LP filter at each subframe using the LSP to LP
conversipn method described in below.

7.13.11 LSP to LP Conversion

For each subframe, the-interpolated LSP coefficients are converted into LP filter coefficients aj, which are
used for|synthesizing4he'feconstructed signal in the subframe. By definition, the LSPs of a 16" order LP filtq
are the rpots of the two'polynomials

=

F () =A%) +z"7 4™

and
Fy(2)=A(2) -z 4"

which can be expressed as
F(z)=(1+z")F (2)

and
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Fy(2)=(1-z")F,(2)

with

F@= [[a-2qz +27)

i=1,3,...,15

and

Fy= []a-2q2" +272)

i=2,4,..,16

<

here g;, i=1,..., 16 are the LSFs in the cosine domain also called LSPs. The conversion-to the LP ¢
one as follows. The coefficients of F'j(z) and F»(z) are found by expanding the equations above kng
duantized and interpolated LSPs. The following recursive relation is used to compute #'(2):

Q.

for i=1 to 8
S1@)=-2q51 /1-D+21,(-2)
for j=i-1 down to 1
SiD)=H) -2, /1G-D+ /1G-2)
end

end

<

q2i.

Qnce the coefficients of F(z) and F»(z) aféfound, Fi(z) and F(z) is multiplied by 1+z ' an
pspectively, to obtain F’1(z) and F'’»(2); thabis

—

O =10+ 1f/G-D, i=1Ls8

[0 = f,(D) = fL-Vi=1,.8

Hinally, the LP coefficients are computed from f°1(7) and /(i) by
(0S4 G)+0.575 (), i=1,..8
SRS AT-0)-0575 (17 -i), i=9,..16

—

hisds 'directly derived from the equation A(z) = (F{(z)+ F,(z))/2, and considering the fact that #

[,{2) are symmetric and asymmetric polvnomials, respectively

7.14 ACELP

7.14.1 General

omain is
wing the

ith initial values £1(0) = 1 and f1(-1) = 0. The coefficients of F,(z) are computed similarly by replacing g»; 1 by

d 1=z,

'(z) and

The following describes the decoding of one ACELP frame which comprises coreCoderFrameLength/4 samples.
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7.14.2 Terms and definitions

mean_energy Quantized mean excitation energy per frame.

Table 145 — Mean excitation energy E

mean_energy decoded mean excitation energy, £

0 18 dB

1 30 dB

2 42 dB

3 54 dB
acb_ind’lex[sfr] For each subframe indicates the adaptive codebook index.
Itp_filterfing_flag[sfr] Adaptive codebook excitation filtering flag
icb_indgx[sfr] For each subframe indicates the innovation codebook.indéex.
gains[sff] Quantized gains of the adaptive codebook and innoyation codebook

contribution to the excitation.

sfr denotes the number of subframes within ene-ACELP frame and is equal to

coreCoderFrameLength/256.

7.14.3 ACELP initialization at USAC decoder start-up

At the stprt-up of the USAC decoder, the ACELP internal state’ (which contains the set of all static variables
used by ACELP and updated at every frame) is properly resét. Specifically, buffers used to store memories ¢
past sigmals are set to zero. This includes the past_excitation buffer which is used to build the adaptivi
codebook. Memories of gain values are also set to zere, and memories of pitch values are set to 64.

D =

7.14.4 Setting of the ACELP excitation bufferusing the past FD synthesis and LPC0O

—

In case ¢f a transition from FD to ACELP, the past excitation buffer u'(n) and the buffer containing the pag
pre-emphasized synthesis §(n) are-dpdated using the past FD synthesis (including FAC) and LPCO prior
the decqding of the ACELP excitation. For this the FD synthesis is pre-emphasized by applying the prg
emphasis filter (1—0.68z7"),(and the result is copied to §(n). The resulting pre-emphasized synthesis

O

[

then filtefed by the analysisfiller A(z) using LPCO to obtain the excitation signal u'(n) .

7.14.5 Decoding of CELP excitation

=

If the mqde intaiframe is a CELP mode, the excitation consists of the addition of scaled adaptive codeboo
and fixed codebook vectors. In each subframe, the excitation is constructed by repeating the following steps:

7.14.5.1 Decoding of adaptive codebook excitation, acb_index[]

The received pitch index (adaptive codebook index) is used to find the integer and fractional parts of the pitch
lag.

When the ACELP frame length is equal to 256, the pitch value is encoded on 9 bits for the first and third
subframes and on 6 bits for the second and fourth subframes. When the ACELP frame length is equal to 192,
the pitch value is encoded on 9 bits for the first subframe only and on 6 bits for the two other subframes.

The pitch value for a subframe is encoded using a multi-segment scalar quantizer, each segment having a
different fractional resolution.

194 © ISO/IEC 2012 — All rights reserved


https://standardsiso.com/api/?name=2ad0e7b5a5984f40ac0919a070a3990c

ISO/IEC 23003-3:

2012(E)

When the pitch value is encoded on 9 bits, a fractional pitch delay is used with resolutions % in the range

[TMIN, TFR2-%4], resolutions %z in the range [TFR2, TFR1-1%4], and integers only in the range [TFR1

, TMAX].

TMIN, TFR2, TFR1 and TMAX are the boundaries of the segments of the quantizers which depend on the

sampling frequency Fs at which the ACELP coder operates according to the formula:
TMIN = round(34*Fs/12800)
TFR2 = 162-TMIN

TFR1 =160

TMAX = 27+6*TMIN

<

Vhen the pitch value is encoded on 6 bits, a pitch resolution of 1/4 is always used in the range [T1-8,
here T1 is nearest integer to the fractional pitch lag of the previous subframe.

<

—

he initial adaptive codebook excitation vector v’(n) is found by interpolating the-past excitation
itch delay and phase (fraction) using an FIR interpolation filter.

o]

=~

he filtering operation as described in the following sentence.

—

he received adaptive filter index (Itp_filtering_flag[]) is then used)to decide whether the filtered
odebook is v(n) =v’(n) or v(n) =0.18v’(n + 1) + 0.64v’(n) + 0.18v’ (@< 1).

Q

7.14.5.2 Decoding of innovation codebook excitation,icb_index]]

—

ulses and to find the algebraic codevector c¢(n) (also called fixed codebook excitation vector, or ir
xcitation). That is

DT

N,-1

c(n) = Zbi5(n —-m,)

where b, are the pulse amplitudes‘(1 or -1), m, are the pulse positions, and Np is the number of py
godevector.

he algebraic codeboek’ structure and the pulse indexing procedures which will help understan
ecoding of the algebraic codebook excitation are given below.

Q. —

7.14.5.2.1 Algebraic codebook structure

he 64 positions in the codevector (subframe length) are divided into 4 tracks of interleaved positiong
ositions-in each track. The different codebooks at the different rates are constructed by placing
umber of signed pulses in the tracks (from 1 to 4 pulses per track). The codebook index, or ¢

T1+7%],

n) at the

he adaptive codebook excitation is computed for the subframe size of 64-samples plus one extra sample for

adaptive

he received algebraic codebook index is used to extract the positions and amplitudes (signs) of the gxcitation

novative

Ises in a

ding the

, with 16
A certain
bdeword,

= 00 -

presents-the pulse positions-and-signs-ineachtrack

The tracks and corresponding pulse positions are show in the Table below:
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Table 146 — Tracks and pulse positions

Track Positions

0 0,4, 8,12, 16, 20, 24, 28, 32 36, 40, 44, 48, 52, 56, 60

1 1,5,9,13,17, 21,25, 29, 33, 37, 41, 45, 49, 53, 57, 61

2 2,6, 10, 14, 18, 22, 26, 30, 34, 38, 42, 46, 50, 54, 58, 62

3 3,7,11,15,19, 23, 27, 31, 35, 39, 43, 47, 51, 55, 59, 63
Since there are 16 positions in a track, the pulse position is encoded with 4 bits and the pulse sign is encodefd
with 1 bif giving 5 bits for a single pulse per track. As it will be shown below, two signed pulses per track afe
encoded| with 9 bits, 3 signed pulses per track are encoded with 13 bits, and 4 signed pulses per track are
encoded|with 16 bits.
Depending on the coding mode, the following codebooks are used:
— 20-Hit codebook with one pulse per track (5x4)
— 28-Hit codebook with 2 pulses in the first two tracks and 1 pulse in the other tracks"(9x2 + 5x2)
— 36-Hit codebook with 2 pulses per track (9x4)
— 44-Hit codebook with 3 pulses in the first two tracks and 2 pulses in-thé other tracks (13x2 + 9x2)
— 52-iit codebook with 3 pulses per track (13x4)
— 64-lit codebook with 4 pulses per track (16x4)
Below, the procedure to encode and decode 1 to 4 pulsesiper track is described. In the description there are ¢
tracks pgr subframe, with 16 positions per track and pulse spacing of 4 as in the table above. The codeboak
index is pbtained by concatenating the indices of the, pulses in the 4 tracks. For example, the 20-bit codebook
is obtaingd by concatenating the 5-bit indices of the’pulses in the 4 tracks.
7.14.5.22 Decoding 1 signed pulse pertrack
The pulsg position index is encodedwith 4 bits and the sign index with 1 bit. The position index is given by the
pulse pogition in the subframe divided by the pulse spacing (integer division). The division remainder gives the
track index. For example, a pulse at position 31 has a position index of 31/4 = 7 and it belong to the track with
index 3.
The sign|of the decoded. pulse is positive if the value of the sign index is 0, otherwise the sign of the decode(d
pulse is pegative.
The index of thessigned pulse is given by

=P +sx2M

where p is the position index (m/4), s is the sign index, and M=4 is the number of bits per track.

To decode the ACELP codevector, p and s are extracted from the received index. The pulse position is given
by m=px4+t where t is the track index (0 to 3). The pulse amplitude is given by b=1 if s=0 else b=-1.

7.14.5.2.3 Decoding 2 signed pulses per track
In case of two pulses per track of K=2M potential positions (here M=4), each pulse needs 1 bit for the sign and

M bits for the position, which gives a total of 2M+2 bits. However, some redundancy exists due to the
unimportance of the pulse ordering. For example, placing the first pulse at position p and the second pulse at
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position q is equivalent to placing the first pulse at position q and the second pulse at position p. One bit can
be saved by encoding only one sign and deducing the second sign from the ordering of the positions in the
index. Here the index is given by

2p = P17t P0><2M + sox2°M
where s is the sign index of the pulse at position index po. If the two signs are equal then the smaller position

is set to py and the larger position is set to p;. On the other hand, of the two signs are not equal then the larger
position is set to py and the smaller position is set to p;.

Tlo decode the ACELP codevector, po. p1.and sp.are extracted from the received index /.. The pulse positions
re given by m= p; x4+t where t is the track index (0 to 3). The pulse amplitude bq is given by bg="if $,=0 else
0=-1. The pulse amplitude b, is given by b= by if pg > p4 else b= -by.

o Q

=~

.14.5.2.4 Decoding 3 signed pulses per track

 case of three pulses per track with M positions, the pulse positions and signs are encoded 3M+1 bits. A
mple way of indexing the pulses is to divide the track positions in two sections (or halves) and dentify a
ection that contains at least two pulses. The number of positions in the sectionis K/2 = 2 M2 =21 which can
e represented with M-1 bits. The two pulses in the section containing atleast two pulses are encc ded with
ne procedure for encoding 2 signed pulses (described above) which requires 2(M-1)+1 bits and the remaining
ulse which can be anywhere in the track (in either section) is encoded with the M+1 bits. Finally, thg index of
ne section that contains the two pulses is encoded with 1 bit. Thus-the total number of required bits is 2(M-
)+1 + M+1 + 1 =3M+1.

=D O 0 N =

4

ote that if the two pulses belong to the upper half, they need to be shifted to the range (0-7) before gncoding
nem using 2x3+1 bits. This can be done by masking.the M-1 least significant bits (LSB) with] a mask
onsisting of M-1 ones (which corresponds to the number 7 in this case).

o —

—

he index of the 3 signed pulses is given by

lap = oy +kx2?" 1+ [ x2?M

<

here I, is the index of the two pulses:in the same section, k is the section index (0 or 1), and /4, is the index
f the third pulse in the track.

(@]

o decode the ACELP codevector, the received index /I3, is used to extract the values of I, /1, arld k. The
alues of mg, my, by and by.are found using the procedure for decoding 2 pulses in a track with lepngth M/2
hich is 8 in this case~Note that before computing my and m; the section of the track containing the two
ulses is taken into consideration by incrementing p, and p4 by 8 if k=1 (which shifts the positions to the upper
alf). The third pulse-position and amplitude m, and b, are found by decoding /4, using the procedure for 1
ulse per track described above.

T 0 < < -

=~

.14.5.2.5 'Decoding 4 signed pulses per track

he.4 signed pulses in a track of length K=2" are encoded using 4M bits. Similar to the case of 3 pUises, the
posmons in the track are d|V|ded into 2 sectlons (two halves) where each sect|on contalns K/2 8 positions.

1
K
|.
Each section can contain from 0 to 4 pulses. The Table below shows the 5 cases representing the possible
number of pulses in each section:
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Table 147 — Possible number of pulses in track Sections

case Pulses in Section A | Pulses in Section B | Bits needed
0 0 4 4M-3
1 1 3 4M-2
2 2 2 4M-2
3 3 1 4M-2
4 4 0 4M-3

In cases
will be e

In cases
pulses in

In case }
sections

Now the
Then for
cases 0
in the se

The inde

where k

For case]

where j
section (

For case]

where I3
Section /

For case|

0 or 4, the 4 pulses in a section of length K/2=2"" can be encoded using 4(M-1)+1=4M-3 bits\(th
plained below).

[72]

1 or 3, the 1 pulse in a section of length K/2=2"" can be encoded with M-1+1 = M bits and the 3
the other section can be encoded with 3(M-1)+1 = 3M-2 bits. This gives a total of 4M-2 bits.

, the pulses in a section of length K/2=2"" can be encoded with 2(M-1)+1 = 2M-1.bits. Thus for both
4M-2 bits are required.

case index can be encoded with 2 bits (4 possible cases) assuming cases 0 and 4 are combined.
cases 1, 2, or 3, the number of needed bits is 4M-2. This gives a total of 4M-2 + 2 = 4M bits. Fg
br 4, one bit is needed for identifying either case, and 4M-3 bits are needed for encoding the 4 pulse
ction. Adding the 2 bits needed for the general case, this gives adotal of 1+4M-3+2= 4M bits.

w =

X of the 4 signed pulses is given by
lap = lap + kx2*"?

s the case index (2 bits), and |z is the index of the pulses in both sections for each individual case.
5 0 and 4, Iz is given by

laB_0.4 = lap_section + jx2t?

s a 1-bit index identifying the section with 4 pulses and ls, secion is the index of the 4 pulses in that
which requires 4M-3 bits).

1, lag is given by

_ 3V1)+1
lag 1 = lap g + l1p A2

>

g is the indéx-of the 3 pulses in Section B (3(M-1)+1 bits) and |y, a is the index of the pulse i
\ ((M-1)+1_bits).

2, lpgiis given by

2(M-1)+1
IAnozlopn"'I';pAXz( )

where I, g is the index of the 2 pulses in Section B (2(M-1)+1 bits) and I, 4 is the index of the two pulses in
Section A (2(M-1)+1 bits).

Finally, for case 3, Ig is given by

_ M
lag 3 = lip B + l3p A %2

where |y, g is the index of the pulse in Section B ((M-1)+1 bits) and I3,  is the index of the 3 pulses in Section

A (3(M-1

198

)+1 bits).
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For cases 0 and 4, it was mentioned that the 4 pulses in one section are encoded using 4(M-1)+1 bits. This is
done by further dividing the section into 2 subsections of length Kl4=2"2 (=4 in this case); identifying a
subsection that contains at least 2 pulses; coding the 2 pulses in that subsection using 2(M-2)+1=2M-3 bits;
coding the index of the subsection that contains at least 2 pulses using 1 bit; and coding the remaining 2
pulses, assuming that they can be anywhere in the section, using 2(M-1)+1=2M-1 bits. This gives a total of
(2M-3)+(1)+(2M-1) = 4M-3 bits.

To decode the ACELP codevector, the value of k extracted from the received index l4, is used to determine
the case to which belongs extracted value Iag. Then from the definitions of I x above, the procedures to
decode 1, 2, or 3 pulses in a track are used to find all pulse positions and signs.

7.14.5.2.6 Pitch sharpening

Once the pulse positions and signs are decoded, and the excitation codevector c(n) is° found| a pitch
sharpening procedure is performed. First ¢(n) is filtered by a pre-emphasis filter defined.as follows:

Foppi(2)=1-0.3 27

—]

he pre-emphasis filter has the role of reducing the excitation energy at low.{frequencies. Next, a periodicity
nhancement is performed by means of an adaptive pre-filter with a transferfuinction defined as:

D

1 if n < min(T,64)
F (z2)=1 (1+0.85z77) if T < 64and T < n < min(2%,64)
1/(1-0.85z7)  if 2T < 64 and 2T < i< 64

here n is the subframe index (n=0,..,63), and where T is a rounded version of the integer paft 7, and
actional part 7, s, Of the pitch lag and is given by:

=h <

T,+1 if T, >2
T = ’
T, otherwise

—

he adaptive pre-filter F,(z) colors the spectrum by damping inter-harmonic frequencies, which are gnnoying
p the human ear in the case of ¥oiced signals.

—

7.14.5.3 Decoding of the adaptive and innovative codebook gains, gains[]

—]

he received 7-bit.irdex per subframe directly provides the adaptive codebook gain g, and the fixed-
odebook gain eorrection factor 7? The fixed codebook gain is then computed by multiplying |the gain
orrection factor-by an estimated fixed codebook gain.

(el e)

Tihe estimated fixed-codebook gain g'. is found as follows. First, the average innovation energy is found by

(1 N-1
E =10lool — 3 2(1)
7 [=4 L

i=0

Then the estimated gain G'. in dB is found by
G'.=E-E,

where E is the decoded mean excitation energy per frame. The mean innovative excitation energy in a frame,

E , is encoded with 2 bits per frame (18, 30, 42 or 54 dB) as mean_energy.
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The prediction gain in the linear domain is given by

g

— 10056 — 100.05(1?—5[)

The quantized fixed-codebook gain is given by

7.14.5.4

The follo
u'(r

where ¢(

excitation signal u’(n) is used to update the content of the adaptive codebook. The excitation signal u’(n)

then pos|
at the ing

7.14.6 E

7.14.6.1

Before s

7.14.6.2

In ACEL
enhance|
codeboo|
signals. ]

A=
with

r,=
where B
respectiy

value of
purely v

Computing the reconstructed excitation

wing steps are for n = 0, ..., 63. The total excitation is constructed by:
)=&,v(n)+g.c(n)

1) is the codevector from the fixed-codebook after filtering it through the adaptive pre-filter F(z). Th

t-processed as described in the next section to obtain the post-processed eXcitation signal u(n) use
ut of the synthesis filter 1/4(z).

xcitation Postprocessing

General

gnal synthesis, a post-processing of excitation elements:is'performed as follows.

Gain Smoothing for Noise Enhancement

P frames a nonlinear gain smoothing technique is applied to the fixed-codebook gain g. in order
excitation in noise. Based on the stability(and voicing of the speech segment, the gain of the fixeqg
k vector is smoothed in order to reduce fluctuation in the energy of the excitation in case of stationar
[his improves the performance in case.of stationary background noise. The voicing factor is given by

.5(1-7)

E,— E)(E, +E,),

v and Ec are\the energies of the scaled pitch codevector and scaled innovation codevecto
ely (r, gives-a'measure of signal periodicity) . Note that since the value of r, is between —1 and 1, th
\ is between 0 and 1. Note that the factor A is related to the amount of unvoicing with a value of 0 fq
iced ségments and a value of 1 for purely unvoiced segments.

A stabilit

[0

[oNN7))

S0

y factor ¢is computed based on a distance measure between the adjacent LP filters. Here, the factq

=

@is related to the LSF distance measure. The LSF distance is given by

15 2
LSF,, =Y (fi—= ")
i=0

where f; are the LSFs in the present frame, and /i’ are the LSFs in the past frame. The stability factor ¢ is

given by

0=

200

1.25-LSF,, /400000 , constrained by 0 < 6<1
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The LSF distance measure is smaller in case of stable signals. As the value of 4 is inversely related to the
LSF distance measure, then larger values of 6 correspond to more stable signals. The gain-smoothing factor
S,, is given by

The value of S,, approaches 1 for unvoiced and stable signals, which is the case of stationary background
noise signals. For purely voiced signals or for unstable signals, the value of S, approaches 0. An initial
modified gain g, is computed by comparing the fixed-codebook gain g. to a threshold given by the initial
nodified—gaim—fromtheprevious—subframe, g 1. I 2. 1S farger-or equat—to g, them g, is—computed by
decrementing g. by 1.5 dB bounded by g, > g ;. If . is smaller than g ;, then g, is computed by ingrementing g.
by 1.5 dB constrained by gy < g ;.

Hinally, the gain is updated with the value of the smoothed gain as follows
g\.sc = SmgO +(1_Sm)§c

7.14.6.3 Pitch Enhancer

A pitch enhancer scheme modifies the total excitation u’(n) by filtering the fixed-codebook excitation through
gn innovation filter whose frequency response emphasizes the higher. frequencies and reduces the ¢nergy of
the low frequency portion of the innovative codevector, and whose cekfficients are related to the periodicity in
t

ne signal. A filter of the form

-1
Fipno(2) = —cpez+1—cpez

i$ used where c,.= 0.125(1 + r,), with », being a periodicity factor given by r,= (E, - E.)/(E, + E.) as described
gbove. The filtered fixed-codebook codevector is-given by

c'(n)=c(n)—cye(c(n+1)+c(n—1)
dnd the updated post-processed excitation is given by

u(n) = g,v(n)+g . c'(n)

—

he above procedure can be done in one step by updating the excitation as follows
u(n) =g, v g . dn) —g,.c,(c(n+1)+c(n-1)

7.14.7 Synthesis

Tihe LP synthesis is performed by filtering the post-processed excitation signal u(n) through the LP gynthesis
fiter//4(z). The interpolated LP filter per subframe is used in the LP synthesis filtering. The recopstructed
sigmatimasubframeisgivenby

16
s(m)y=u(n)->Y asmn-i), n=0,.63
i=1

The synthesized signal is then de-emphasized by filtering through the filter
1/(1-0.68z™") (inverse of the pre-emphasis filter applied at the encoder input).
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7.14.8 Writing in the output buffer

At the output of the post-processing, the N=coreCoderFrameLengthl/4 synthesized coefficients from ACELP are
written in the output buffer out. In case the previous coding was either FD mode or MDCT-based TCX, the tool
FAC is applied first as described in 7.16. The output buffer is updated as follows:

outlioy+ n) = Sg[n]; V 0 £ n < N=coreCoderFrameLengthl4

i iIndexes the output buffer ouz and is incremented by the number N of written samples

7.15 MI

7151 T

When th
predictio
is used.
describe
based fr
MDCT tr,

715.2 T

Ig

DCT based TCX

ool Description

erms and definitions

noise_fgctor

noise lev
noise(]
global_g
g

rms

x[]

z[]

out(]
x_tex_in

]

el

ain

quant[win]{bin]

b core_mode is equal to 1 and when one or more of the three TCX modes is selected-as the “lineg
n-domain” coding, i.e. one of the 4 array entries of mod[] is greater than 0, the MDCT, based TCX to
The MDCT based TCX receives the quantized spectral coefficients from the arithmetic decodg
4 in 7.4. First, any nulls or notches in the quantized coefficients are filled bya comfort noise. LP
bquency-domain noise shaping is then applied to the resulting spectral coefficients and an invers
bnsformation is performed to obtain the time-domain synthesis signal.

Number of quantized spectral coefficients output by the arithmetic decoder
Noise level quantization index

Level of noise injected in reeonstructed spectrum

Vector of generated noise

Re-scaling gain quantization index

Re-scaling gain

Root mean square of the decoded spectrum, rr{].

output of the IMDCT

decoded windowed signal in time domain

synthesized time domain signal

TCX spectral coefficient for window win, and coefficient bin after noiseless
decoding of the spectral data. See also 7.1

reconstructed spectral coefficients vector including synthetic comfort noise

7.15.3 Decoding Process

The MDCT-based TCX requests from the arithmetic decoder a number of quantized spectral coefficients, Ig,
which is determined by the mod[] value. This value also defines the window length and shape which will be
applied in the inverse MDCT. The window is composed of three parts, a left side overlap of L samples, a
middle part of ones of M samples and a right overlap part of R samples. To obtain an MDCT window of length
2*lg, ZL zeros are added on the left and ZR zeros on the right side. In case of a transition from or to a
SHORT_WINDOW the corresponding overlap region L or R needs to be reduced to coreCoderFramelLengthl/8 in
order to adapt to the shorter window slope of the SHORT_WINDOW. Consequently the region M and the
corresponding zero region ZL or ZR need to be expanded by coreCoderFrameLengthi16 samples each.

202
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Table 148 — Number of Spectral Coefficients as a Function of mod[]
and coreCoderFrameLength (ccfl)

value Number Ig
of of spectral ZL L M R ZR
mod[x] | coefficients
1 ccfl/4 0 ccfl/4 0 ccfl/4 0
2 ccfl/2 ccfl/8 | ccfl/4 | ccfl/4 | ccfl/4 | ccfl/8
3 ccfl 3*ccfl/8 | ccfl/4 | 6*ccfl/8 | ccfl/4 | 3*ccfl/8

2012(E)

Tlhe MDCT window is given by

0 for 0<n<ZL
WSINfLEFT,L(n_ZL) for ZL<n<ZL+L
W(n) = 1 for ZL+L<n<ZL+L+M
Way ricira(n—2L—L-M) for ZL+L+M <n<ZL¥L+M+R
0 for ZL+L+M £R<n<2lg

—]

gomfort noise. The level of the injected noise is determined by the'decoded noise_factor as follows:

noise_level = 0.0625*(8-noise_factor)

—

he x_tcx_invquant[] and the comfort noise are combined to form the reconstructed spectral co
ector, r[], in a way that the runs of 8 consecutive zeros in x_tcx_invquant[] are replaced by f{
omponents. A run of 8 non-zeros are detected according to the following pseudo code:

Q <

flor (i=0; i<lg/6; i++) {
rl[i] = 1;

flor (i=1g/6; i<lg; i += 8) {
int k, maxK = min(lg, i+8);
float tmp = 0.£f;

for (k=1i; k<maxK; k++)A4
tmp += x_tcx invguant (k] * x tcex invquant [k];

}

if (tmp != 05F) {
for (k=i nk<maxK; k++) {

rlk]V= 1;
} else {
for (k=1i; k<maxK; k++) {
rl[k] = 0;

he quantized spectral coefficients, x_tcx_invquant[], delivered by the arithmetic decoder are complgted by a

efficients
he noise

.
I

}

One obtains the reconstructed spectrum as follows:

(i {randomSign()-noise_level, if 7l[i]=0
rli]=

X_tex invquant(i], otherwise

A spectrum de-shaping is applied to the reconstructed spectrum according to the following steps:
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1. calculate the energy E,, of the 8-dimensional block at index m for each 8-dimensional block of the first
quarter of the spectrum

2. compute the ratio R,,=sqrt(E,/E,), where I is the block index with the maximum value of all E,,

3. if Ry<0.1, then set R,,=0.1

4. if Rp<R.1, then set R,=R.1

Each 8-dimensional block belonging to the first quarter of spectrum are then multiplying by the factor R,

Prior to applying the inverse MDCT, the two quantized LPC filters corresponding to both extremities of the
MDCT block (i.e. the left and right folding points) are retrieved, their weighted versions are computed, and the
corresponding decimated (64 points, regardless of the transform length) spectrums are computed. These
weighted LPC spectrums are computed by applying an ODFT to the LPC filter coefficients. A compléx
modulatipn is applied to the LPC coefficients before computing the ODFT so that the ODFT frequency bins
are perfgctly aligned with the MDCT frequency bins. For example, the weighted LPC synthesis speetrum of @
given LPC filter A(z) is computed as follows:

2M -1 _/ﬂn
X, k1= 2 x[nle 2
n=0

with

1= 12/[71](3#‘%’1 ,if 0<n<Ipc order+1
0 ,if Ipc_order +1<n<2M

x,[7

where Wn],n=0...Ipc _order +1, are the coefficients of the weighted LPC filter given by:
W(z)= A(z/ y,).cwith y, = 0.92
The gains g[k] can be calculated from the spectralrepresentation Xy[k] of the LPC coefficients according to:

1

X X

V kef0,..M-1}

where MEcoreCoderFramelLength/16 is the number of bands in which the calculated gains are applied.

[oN

Let g1[k] and g2[k], k=0...Mx*, be the decimated LPC spectrums corresponding respectively to the left an
right folding points computed as explained above. The inverse FDNS operation consists in filtering th
reconstriyicted spectrumm-i] using the recursive filter:

[¢]

[i] = afisefi]+b[i] rei-1], i=0...1g-1,

where a[|] @and bl[i] are derived from the left and right gains g1[k], g2[k] using the formulas:

afi] = 2-gl[k]-g2[k] / (g1 [k]+g2[k]),
bli] = (g2[k]-gl[k]) / (g1 [k]+g2[k]).

In the above, the variable k is equal to i/(Ig/M) to take into consideration the fact that the LPC spectrums are
decimated.

The reconstructed spectrum rr[] is fed into an inverse MDCT. The non-windowed output signal, x[], is re-
scaled by the gain, g, obtained by an inverse quantization of the decoded global_gain index:
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1 Ogl()bal _gain/28
g =-_-
—rms

iz

| lngi’”z[k]
rms =A|*=—
\/ Ig

he synthesized time-domain signal is then rescaled and windowed as follows:

Where rms is calculated as:

—

zln]=x[n]-Wn]-g;VO<n< N

=

[ corresponds to the MDCT window size, i.e. N=2lg.

Vhen the previous coding mode was either FD mode or MDCT based TCX,)a conventional overlap apd add is
pplied between the current decoded windowed signal z;, and the previous decoded windowed sigpal z;;, ,
here the index i counts the number of already decoded MDCT windows. The final time domain synthesis out
$ obtained by the following formulas.

s QO <

h case z;.;,, comes from FD mode:

z yn,; 3V0< <N_ L
i—1 2—+n 4 2
i, +n]l=<z +z W NATL <N_l+£
QUL nl= [,N_i\[*lJrn i—l,NTJJrn, 4 2 =1 4 2
Z NN 1 ,VN_I+£Sn<N—_l+E—£
i n 4 4 2 2

N [ is the size of the windew sequence coming from FD mode. i,, indexes the output buffer o4z and is

N N R .
mcremented by the number 4— +?_E of written samples.

In case z.;, comes from MDCT based TCX:

zZ N +Z_13*N,,1_g+n2V03”<L
' 2

i,———+n i

qutli

out+n]: —
e NHL-R
Li,j—z-%—n 2

N, is the size of the previous MDCT window. i,, indexes the output buffer our and is incremented by the
number (N+L-R)/2 of written samples.

When the previous coding mode was ACELP, the FAC tool is applied as described in 7.16.

The reconstructed synthesis out/i,,+n] is then filtered through the pre-emphasis filter (1—0.682’1). The

resulting pre-emphasized signal is filtered by the analysis filter ;1(2) in order to obtain the excitation signal.
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The calculated excitation updates the ACELP adaptive codebook and allows switching from TCX to ACELP in
a subsequent frame. The signal is reconstructed by de-emphasizing the pre-emphasized signal by applying

the filter

1/ —0.682‘1)- Note that the analysis filter coefficients used are those that correspond to the end of

the given TCX frame.

Note also that the length of the TCX synthesis is given by the TCX frame length (without the overlap):
coreCoderFrameLengthl4, coreCoderFrameLengthl2 or coreCoderFrameLength samples for the mod[] of 1,2 or 3
respectively.

7.16 Fo

7.16.1 T

The follo
between
is to can
precedin
mode)

Figure 3
synthesi

as well as MDCT-based TCX (in LPD mode).

fward Aliasing Cancellation (FAC) tool

ool description

wing describes forward-aliasing cancellation (FAC) operations which are performed during transitions
ACELP and transform coded frames (TC) in order to get the final synthesis signal. (the goal of FAC
cel the time-domain aliasing and windowing introduced by TC and which cannot be cancelled by the
g or following ACELP frame. Here the notion of TC includes MDCT over long and short blocks (in FD

) represents the different intermediate signals which are computed-in/order to obtain the fin
5 signal for the TC frame, which is positioned between the markers LRE1 and LPC2 in the figure. |

-

the exa

other cases (for example, an ACELP frame followed by more than one TC€ frame, or more than one TC frame
followed [by an ACELP frame) only the required signals are computed:\n' Figure 30, the term “FAC synthesig”
is used tp indicate the decoded FAC signal, which is added at the:boundary (beginning or end) of a decode

TC fram

ple shown, the TC frame is assumed to be both preceded and followed by an ACELP frame. In the

[oN

when it is adjacent to an ACELP frame.

LPC1 P2
: 1Az TR :
;f;‘ﬂez) FAC synthesis
. a
L1 L |/ L1 @
. !
éa + ACELP synthesis < TCI'IEHOOUIPN b
L1 1 o | ] L1 1 (b)
+ Windowed and fald dl e ArEr T
+ e i ACELP contibution
ACELPs]mIl ¢
S [ |L/X?1g| L1 L 1| (©)
i Synthesis in the ongnal domain i (d)

Figure 30 — FAC decoding operations for transitions from and to ACELP

7.16.2 Terms and definitions

fac_gain 7 bit gain index

qnli] codebook number in the AVQ tool

FACIi] FAC data

fac_length length of the FAC transform (coreCoderFramelLength/16 for transitions from
and to EIGHT_SHORT_SEQUENCES, coreCoderFramelLength/8 otherwise)
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use_gain indicates the use of explicit gain information

code_book_index]i][0]

kv[i][0][8] The AVQ refinement voronoi extension indices

7.16.3 Decoding Process

1.

Decode AVQ parameters

algebralc vector quantlzatlon (AVQ) tool of 7.12. In the foIIowmg, this encoded FAC infar
referred to as the “FAC spectral data”.
- Fori=0...FAC transform length:
o A codebook number gnli] is encoded using a modified unary code
o The corresponding FAC data FAC]i] is encoded with 4*gn[i] bits
- After decoding the AVQ parameters of the FAC spectral data, a vector:FACJi] (FAC
i=0,....fac_length is therefore extracted from the bitstream
Apply a gain factor g to the FAC data
- For transitions with MDCT-based TCX (so, in the case of ACELR to TCX or TCX to
transitions), the gain of the corresponding tcx_coding element is used
- For other transitions (so, in the case of ACELP to FD mode TC4rames and from FD mode T
to ACELP), a gain information fac_gain has been retrieved fromthe bitstream (encoded usin
scalar quantizer). The gain g is calculated as g=107°-%4"2% ,sing that gain information.
In the case of transitions between MDCT based TCX and ACELP, a spectrum de-shaping is appl
first quarter of the FAC spectral data. The de-shaping gains are those computed for the corre
MDCT based TCX as explained in 7.15.3 so that the quantization noise of FAC and MDCT-ba
have the same shape.
Compute the inverse DCT-IV to the gain-scaled EAC data to obtain the equivalent time-domain sa
- The FAC transform length, fac_length, is by default equal to coreCoderFrameLength/8
- For transitions with short blocks, this length'is reduced to coreCoderFrameLength/16

In the case of transition to and from MDCT+based TCX, apply the weighted synthesis filter I/Vf/(

the decoded FAC signal, termed “FAC\synthesis” in Figure 30. The resulting signal is representg

(a) in Figure 30
The weighted synthesis filter'is based on the LPC filter which corresponds to the fold
(in Figure 30 it is identified”as LPC1 for transitions from ACELP to the TC frame and
transitions from the TC\frame to ACELP; for transitions from TC frames in FD mode to AC
weighted synthesis filter is based on the transmitted LPCO)

- The same LPC weighting factor is used as for ACELP operations:

W(DzA(z/y,) , where 7;=0.92

- In thisdfiltefing operation, the initial memory of the weighted synthesis filter I/W(z) is set to (

- As.shown on line (c) of Figure 30, for transitions from ACELP to a TC frame, the windowed Z
response (ZIR) of the weighted synthesis filter (taking fac_length samples) is added to the
FAC signal, the ZIR acting as a signal prediction for the beginning of the TC frame.

2012(E)

The AVQ refinement code book indices corresponding to each kv[i][0]

ation is

data) for

ACELP

C frames
h a 7-bits

ed to the
sponding
sed TCX

mples.

) to get
d on line

ng point
| PC2 for
ELP, the

ero-input
decoded

Furthermore |n the case of transitions from ACELP to a TC frame compute the windowed pas

[1OW

ACELP
n on line

(c) of Figure 30) The ZIR response is computed using the LPC filter at LPC1 of F|gure 30. The window

applied to the fac_length past ACELP synthesis samples is:
sine[n+fac_length]*sine[fac_length-1-n], = -fac_length ... -1

and the window applied to the ZIR is:

2
1-sine[n + fac_length] , n=0... fac_length-1,

where sine[n] is a quarter of a sine cycle:

sine[n] = sin((n+0.5)*r/(4*fac_length)), n=0... 2*fac_length-1.
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The resulting signal is represented on line (c) in Figure 30 and denoted as the ACELP contribution (this
ACELP contribution being formed of the sum of the windowed ZIR and the folded ACELP synthesis from
the end of the previous frame).

7. Add the following three components
- FAC synthesis (line (a) in Figure 30)
- the TC frame (line (b) in Figure 30)
- in the case of transitions from ACELP : the ACELP contribution (line (c) in Figure 30)
in order to obtain the synthesis signal (which is represented as line (d) in Figure 30)

7.16.4 Writing in the output buffer

The outgut synthesis buffer is updated differently according to the type of transitions. In case of transitions
from FD mode to ACELP, the output buffer out is updated as follows:

Z N ;VO£n<N4—l—fac_length

i-1,——+n
2

out[i_, tn]=

;VNT—Z—fac_length <n< N4—l

FAC] fac _length — N4—l tn]+z

i—1
2

N_[is th¢ size of the previous window sequence. i,,, indexes the output buffer out and is incremented by the
number N _I/4 of written samples.

In case qf transitions from ACELP to FD mode, the output buffer,out is updated as follows:

tn]=z  , +FAC[n]+ ACELP[n];V0 @< N4—l

4

outi

out

N, is the size of the previous MDCT window:i,, indexes the output buffer out and is incremented by the
number N _[/4 of written samples.

In case qf transitions from MDCT-based\TCX to ACELP, the output buffer out is updated as follows:

outli,, n]=FAC[n]+z o ; VO<n < fac length

t .
o I,T—facilengthﬂz

Ny, is the size of the pteyious MDCT window. i,, indexes the output buffer out and is incremented by the
number fac length of weitten samples.

In case qf transitions from ACELP to MDCT-based TCX, the output buffer out is updated as follows:

outli nl==z  EACTal e ACELPIl N0 < ne Y~ R
out 7 71 HiﬂJrn R SAE el S = 2
"4

i, iINdexes the output buffer our and is incremented by the number (N-R)/2 of written samples.

7.17 Post-processing of the synthesis signal
The described bass post filtering is applied to the synthesis signal after overlap-and-add and FAC operations

over all ACELP frames as well as for the duration of a FAC transform window in the places where this is
applied.
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After LP synthesis, the reconstructed signal can be post-processed using low-frequency pitch enhancement.

The received bass-post filter control information controls whether bass-post filtering which results i

n a pitch

enhancement in the low frequency range is enabled or not. For speech signals, the post processing filter
reduces inter-harmonic noise in the decoded signal, which leads to an improved quality. However, for music

signals, which are commonly of multi-pitch nature, the post filtering may suppress signal compon

ents that

reside below the dominating pitch frequency or between its harmonics. For the post filtering a two-band
decomposition is used and adaptive filtering is applied only to the lower band. This results in a total post-

processing that is mostly targeted at frequencies near the first harmonics of the synthesized signal.

The signal is processed in two branches. In the higher branch the decoded signal is filtered by a high-pass

—h

ter to produce the higher band signal s4. In the lower branch, the decoded signal is first processeq
gn adaptive pitch enhancer, and then filtered through a low-pass filter to obtain the lower band post-p
signal s er. The post-processed decoded signal is obtained by adding the lower band post-process
gnd the higher band signal. The object of the pitch enhancer is to reduce the inter-harmonic noi
decoded signal, which is achieved here by a time-varying linear filter with a transfer function

a r a _r
H(2)=(1l-a)+—z +—z
((2)=01-a) 5 5
gnd described by the following equation:

5,(n) = (1- a)§(n) + %§(n “T)+ %5(;1 +T)

<

here « is a coefficient that controls the inter-harmonic attenuation, T is the pitch period of the ing
n), and s;z(n) is the output signal of the pitch enhancer*Parameters T and « vary with time and are
ne pitch tracking module. With a value of a = 0.5, the-gain of the filter is exactly 0 at frequencies 1/(2
(27), etc.; i.e. at the mid-point between the harmonic frequencies 1/T, 2/T, 3/T, etc. When « apprd
ne attenuation between the harmonics produced:by the filter decreases.

—~ (3 =+ U

—

o confine the post-processing to the low, frequency region, the enhanced signal s,z is low pass f
roduce the signal s which is added to the high-pass filtered signal sy to obtain the post-p
ynthesis signal sg.

N o

An alternative procedure equivalent to that described above is used which eliminates the need of H
tering. This is achieved by representing the post-processed signal sg(n) in the z-domain as

—h

Sp(2)=S(z) - aS2)P,; (2)H ,(2)

<

here P, 1(z) is the transfer function of the long-term predictor filter given by
P, (2)%1-05z" -0.5z7"

and.H g(z) is the transfer function of the low-pass filter.

through
focessed
ed signal
se in the

ut signal
given by
[).3/(27),

aches 0,

Itered to
focessed

igh-pass

I'hus, the post-processing Is equivalent to subtracting the scaled low-pass filtered long-term error S|gnal from

the synthesis signal $(n).

The value T is given by the received closed-loop pitch lag in each subframe (the fractional pitch lag ro

unded to

the nearest integer). A simple tracking for checking pitch doubling is performed. If the normalized pitch
correlation at delay T/2 is larger than 0.95 then the value T/2 is used as the new pitch lag for post-processing.

The factor « is given by

o =0.5g - constrainedto 0 <a <0.5
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where 8or is a gain which is updated at every sub-frame and is computed from the synthesis signal x as
follows using the decoded pitch lag 7p:

Note tha} in TCX mode and during frequency domain coding the value of « is set to zero. During transition

between

decoded|pitch lag (7p) from the ACELP frame. For transitions between FD mode to and from ACELPthe’ FA
area (either coreCoderFramelLength/16 for transitions from and to EIGHT_SHORT_SEQUENCEs, d

coreCod
ACELP

coreCoderFramelLength=768, the FAC area is not an integer multiple of the subframe; 1t7is equal to 4

samples

(1.5 subframes) otherwise. In these cases, subframes that are only partly included“in the FAC area ar
postfiltergd in their entirety using the same filtering parameters. Therefore, when coreCoderFramelLength=76

one enti
subfram

A linear

filter delgy is 12 samples).

210

63

Z (x,. : xi—Tp)

i=0

63
2
zxi—Tp
i=0

8pr =

[

TCX and ACELP the FAC area (coreCoderFrameLength/8 samples) is postfiltered using the neares

brFramelLength/8 for all other cases) is postfiltered using the nearest decoded pitch lag (Zp) from th
rame. The bass post-filter operates on an ACELP subframe grid (blocks of 64 samples). Whe

(0.75 subframes) for transitions from and to EIGHT_SHORT_SEQUENCEs and equal to 96 sample

D OO w O3 D =5 () A

e subframe is postfiltered for transitions from and to EIGHT_SHORT_SEQUENCEs and two entir
s are postfiltered in all other cases.

phase FIR low-pass filter with 25 coefficients is used, with a cut-off frequency at 5Fs/256 kHz (the
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(normative)

Tables

ISO/IEC 23003-3:2012(E)

A.1 Tables for frequency domain coding

Table A.1 — Frequency domain coding table references

Table

Please see

Scalefactor Huffman Codebook

ISO/IEC 14496-3:2009, 4,A.1y Table 4.A.1

Differential scalefactor to index tables

ISO/IEC 14496-3:2009; 4YA.3, Table 4.A1]

and Table 4.A.18

A.2 SBR tables

A.3 MPEG Surround IPD Tables

Table A.2.— hcodFirstBand_IPD

Rlease refer to ISO/IEC 14496-3:2009, 4.A.6, Table 4.A.78 toJable 4.A.89 and Table 4.A.91.

Index length codeword Index length codeword
(hexadecimal) (hexadecimal)
0 1 0x00 4 5 0x1d
1 3 0x06 5 6 0x3f
2 5 Ox1c 6 5 Ox1e
3 6 O0x3e 7 2 0x02
Table A.3 — hcod1D_IPD_YY
[ndex DF DT
length codeword length codeword
0 1 0x0000 1 0x0000
1 3 0x0006 2 0x0002
2 5 0x00Te 4 0x000e
3 6 0x003a 6 0x003e
4 6 0x003b 7 0x007e
5 5 0x001c 7 0x007f
6 5 0x001f 5 0x001e
7 2 0x0002 3 0x0006
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Table A.4 — hcod2D_IPD_YY_ZZ LL_escape

LL DF/FP DF/TP DT/FP DT/TP
length codeword | length codeword | length codeword | length codeword

01 3 0x00007 3 0x00007 3 0x00007 3 0x00007

03 8 0x000ff 8 0x000ff 8 0x000bf 8 0x000bf

05 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff

07 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf

Table A.5 — hcod2D_IPD_YY_ZZ 01
Idx0 | Idx1 | DF/FP DF/TP DT/FP DT/TP
length | codeword | length codeword | length codeword | length codeword
0 0 1 0x0 1 0x0 1 0x0 1 0x0
0 1 3 0x7 3 0x7 3 0x7 3 0x7
1 0 3 0x6 3 0x6 3 0x6 3 0x6
1 1 2 0x2 2 0x2 2 0x2 2 0x2
Table A.6 — hcod2D_IPD_YY_ZZ 03
Idx0 | Idx1 | DF/FP DF/TP DT/FP DT/TP
length | codeword | length codeword | length codeword | length codeword

0 0 1 0x000 1 0x000 1 0x000 1 0x000
0 1 8 OxOff 8 OxOff 8 0x0bf 8 O0x0bf
0 2 8 0xOff 8 0xOff 8 0xO0bf 8 0xO0bf
0 3 8 0xOff 8 0xOff 8 0xO0bf 8 0xO0bf
1 0 8 0xOff 8 0xOff 5 0x016 5 0x016
1 1 3 0x006 3 0x006 3 0x006 3 0x006
1 2 8 0xOff 8 0xOff 8 0x0bf 8 0xO0bf
1 3 8 0x0Ofe 8 O0xO0fe 7 0x05e 7 0x05e
2 0 7 0x07c 7 0x07c 6 0x02e 6 0x02e
2 1 7 0x07e L 0x07e 4 0x00e 4 0x00e
2 2 4 0x00e 4 0x00e 4 0x00a 4 0x00a
2 3 2 0x002 2 0x002 4 0x00f 4 0x00f
3 0 7 0x07d 7 0x07d 8 0x0Obe 8 Ox0be
3 1 8 0xOff 8 0xOff 8 0x0bf 8 0xO0bf
3 2 8 0xOff 8 OxOff 8 0x0bf 8 0x0bf
3 3 5 Ox01e 5 0x01e 3 0x004 3 0x004
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Idx0 | Idx1 | DF/FP DF/TP DT/FP DT/TP

length | codeword | length codeword | length codeword | length codeword
0 0 1 0x00000 1 0x00000 1 0x00000 1 0x00000
0 1 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
0 2 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
0 3 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
0 4 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
0 5 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
1 0 7 0x0006e 7 0x0006e 5 0x00016 5 0x00016
1 1 5 0x0001e 5 0x0001e 7 0x0005e 7 0%0005e
1 2 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
1 3 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
1 4 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
1 5 6 0x0002a 6 0x0002a 11 0x005fe 1 0x005fe
2 0 7 0x0007e 7 0x0007e 10 0x002fc 10 0x002fc
2 1 8 0x000fe 8 0x000fe 8 0x000ba 8 0x000ba
2 2 6 0x00036 6 0x00036 4 0x0000e 4 0x0000e
2 3 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
2 4 5 0x00018 5 0x00018 6 0x0003e 6 0x0003e
2 5 5 0x00014 5 0x00014 7 0x0007e 7 0x0007e
3 0 6 0x0002b 6 0x0002b 10 0x002fd 10 0x002fd
3 1 6 0x0002e 6 0x0002e 10 0x002fe 10 0x002fe
3 2 5 0x0001a 5 0x0001a 7 0x0005c 7 0x0005c
3 3 5 0x00019 5 0x00019 3 0x00006 3 0x00006
3 4 6 0x0003e 6 0x0003e 4 0x0000a 4 0x0000a
3 5 9 0x001be 9 0x001be 9 0x0017c 9 0x0017c
4 0 8 0x000ff 8 0x0Q0QOff 9 0x0017d 9 0x0017d
4 1 4 0x0000e 4 0x0000e 7 0x0007f 7 0x0007f
4 2 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
4 3 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
4 4 5 0x00016 5 0x00016 8 0x000bb 8 0x000bb
4 5 6 0x0002f 6 0x0002f 5 0x0001e 5 0x0001e
g 0 8 0x000de 8 0x000de 11 0x005ff 11 0x005ff
g 1 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
g 2 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
g 3 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
g 4 9 0X001bf 9 0x001bf 11 0x005ff 11 0x005ff
g 5 3 0x00004 3 0x00004 3 0x00004 3 0x00004
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Table A.8 — hcod2D_IPD_YY_ZZ_07

[dx0 | Idx1 | DF/FP DF/TP DT/FP DT/TP
length | codeword | length codeword | length codeword | length codeword

0 0 2 0x00000 2 0x00000 1 0x00000 1 0x00000
0 1 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
0 2 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
0 3 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
0 4 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
0 5 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
0 6 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
0 7 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
1 0 5 0x0000c 5 0x0000c 6 0x0003e 6 0x0003e
1 1 5 0x0001c 5 0x0001¢c 6 0x00030 6 0x00030
1 2 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
1 3 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
1 4 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
1 5 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
1 6 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
1 7 6 0x0001e 6 0x0001e 6 0x00032 6 0x00032
2 0 8 0x0007e 8 0x0007e 9 0x0019a 9 0x0019a
2 1 8 0x000ae 8 0x000ae 9 0x001fc 9 0x001fc
2 2 7 0x00056 7 0x00056 9 0x001fe 9 0x001fe
2 3 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
2 4 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
2 5 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
2 6 8 0x000ee 8 0x000ee 9 0x001f8 9 0x001f8
2 7 9 0x0017e 9 0x0017e 9 0x001fa 9 0x001fa
3 0 10 0x002be 10 0x002be 13 0x01fbe 13 0x01fbe
3 1 8 0x000ef 8 0x000ef 11 0x0067e 11 0x0067e
3 2 6 0x0001a 6 0x000%a 9 0x0019b 9 0x0019b
3 3 5 0x0001e 5 0x000Q1e 6 0x00036 6 0x00036
3 4 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
3 5 5 0x0001f 5 0x0001f 7 0x00062 7 0x00062
3 6 6 0x0001b 6 0x0001b 10 0x0033c 10 0x0033c
3 7 8 0x000ba 8 0x000ba 11 0x007fe 11 0x007fe
4 0 9 0x0015e 9 0x0015e 12 0x00fde 12 0x00fde
4 1 7 0x0003e 7 0x0003e 11 0x0067f 11 0x0067f
4 2 5 0x00014 5 0x00014 9 0x001f9 9 0x001f9
4 3 3 0x00002 3 0x00002 5 0x0001a 5 0x0001a
4 4 3 0x00006 3 0x00006 2 0x00002 2 0x00002
4 5 5 0x00016 5 0x00016 7 0x00063 7 0x00063
4 6 7 0x0005e 7 0x0005e 11 0x007ff 11 0x007ff
4 7 8 0x000be 8 0x000be 11 0x007ee 11 0x007ee
5 0 11 0x0057e 11 0x0057e 10 0x0033d 10 0x0033d
5 1 8 0x000ec 8 0x000ec 10 0x0033e 10 0x0033e
5 2 6 0x0002a 6 0x0002a 8 0x000cc 8 0x000cc
5 3 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
5 4 H 0x0057F +H 0x0057F 13 0x04Hbf 43 B04bf
5 5 7 0x0005c 7 0x0005¢ 8 0x000de 8 0x000de
5 6 8 0x000bb 8 0x000bb 10 0x003fe 10 0x003fe
5 7 8 0x0007f 8 0x0007f 10 0x003f6 10 0x003f6
6 0 9 0x0017f 9 0x0017f 8 0x000df 8 0x000df
6 1 8 0x000ed 8 0x000ed 9 0x001fd 9 0x001fd
6 2 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
6 3 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
6 4 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
6 5 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
6 6 6 0x0001c 6 0x0001¢c 8 0x000ce 8 0x000ce
6 7 6 0x0001d 6 0x0001d 7 0x0006e 7 0x0006e
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ldx0 | Idx1 | DF/FP DF/TP DT/FP DT/TP
length | codeword | length codeword | length codeword | length codeword

7 0 6 0x0003a 6 0x0003a 5 0x0001e 5 0x0001e
7 1 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf

7 2 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf

7 3 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf

7 4 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf

7 5 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf

7 6 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf

7 a 3 800064 3 8x00004 4 0:6060¢€ 4 9x0000e
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Annex B
(informative)

Encoder Tools

B.1 Encoder Block Diagram

The block diagram of the USAC encoder reflects the structure of MPEG-D USAC as shown in Figure By1-
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Figure B.1 — Block diagram of the USAC encoder
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B.2 General Remarks

Most of t

he AAC related encoder tools are described in Annex 4.B of ISO/IEC 14496-3:2009. The description

of the ACELP encoder can be found in 3GPP TS 26.090 [7], 3GPP TS 26.190 [6] and 3GPP TS 26.290 [10].

The FDNS filtering process is described in the normative part of the document and can be applied similarly in

the enco

der in order to arrive at an estimate for coding quality which can be achieved when choosing this

mode. The coding of the necessary LPC filter parameters is described in B.16.

The sig

al classifier tool analyses the original input signal and generates from it control information whic

triggers

depende
the signg
Surroung

The inpu
— the
— addi
The outp

— acg
filter

B.3 Sig

Various
Though
depende

In certai
individua
on a pre
cannot b

In anothg¢r scenario it may be important for an application to start decoding in the middle of a stream. This ca

be the d
starting v
stored fil

For the

entirely i
to indica
to TRUHE

the selection of the different coding modes. The analysis of the input signal is implementatio
nt and will try to choose the optimal core coding mode for a given input signal frame. The output'q
| classifier can (optionally) also be used to influence the behaviour of other tools, for example MPE
, enhanced SBR, time-warped filterbank and others.

P =

t to the Signal Classifier tool is:

briginal unmodified input signal

tional implementation dependent parameters
ut of the Signal Classifier tool is:

ntrol signal to control the selection of the core codec (non-LP-fjltered frequency domain coding, LP
ed frequency domain or LP filtered time domain coding)

ynaling of independently decodable frames
tools in the USAC specification may exploit dnter-frame correlation to increase coding efficiency.

his decreases bit demand for the individuatframes, it comes at the cost of introducing inter-fram
ncies. This means that a given frame candbe decoded only with the knowledge of the previous frame|

[¢]

(]

N use case scenarios inter-frame dependency can lead to problems. In particular in cases wher
| frames are transmitted over an errer prone channel a frame loss may occur. Due to the dependend
iously transmitted frame, frames which follow a lost frame are being rendered useless because the
b properly or fully decoded.

<<

o3

ase in broadcasting~where a continuously transmitted stream is received and shall be decode]
vith a randomly reeeived first frame. Similarly a USAC audio player may want to be able to seek into
b and play it starting from a specifically chosen point.

[\Y)

easons listed above it is important that USAC audio streams contain frames that can be decoded
ndependent of any previous frame (so called "I-frames"). The usaclindependencyFlag was introduced
e frames which have this particular characteristic. Frames which have the usaclndependencyFlag set
(5s1) are independent from previous frames. These I-frames then serve as safe starting points fg

=

decoding
It is stro

|-frames
|-frames

218

Talso aftera frame 1oss:
ngly recommended for encoders which produce bit streams complying with this specification that

are inserted into the bit stream on a regular basis. Conceivably in a typical broadcast scenario
could be present in a stream or file at least once per 500ms or once per 1000ms.
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B.4 Signal Classifier for FD vs LPD Mode Decision

B.4.1 General

The signal classifier algorithm makes a coding mode decision for each frame of 1024 original input samples.
First a set of parametric features is extracted from the input signal and then the coding mode decision is made.

B.4.2 Parameter extraction

A sampling frequency of 48kHz is assumed. For each frame four parameters are calculated as follows:
—+ the distribution of tonal components in the frequency domain;
—+ the running average of the numbers of tonal components;

—+ the mean square deviation of the spectral tilt;

—+ full band (24kHz) energy.

B.4.2.1 Tonal feature analysis

he power density spectrum is calculated by a 1024-point FFT, and’'tonal components are derived|from the

FT spectrum. For details on finding tonal components, (please refer to ISO/IEC 11172-3:1993, D.1
Psychoacoustic model 1), Step 1 and Step 4.

e L

n the step of finding tonal components, the full frequency band is divided into four regions:

fr, . OkHz < f <=3kHz
fin . 3kHz < f <=6kHz
fr,: 6kHz < f <=12kHz
i, 12kHz < f <=24kHz

I

or the i-th frame, the number of tonal components in the j-th frequency region is derjoted by
num_tonal_fr(i,j)(j:0,1,2,3) . For example, if num_tonal_fr(i,O)=9 , there are |9 tonal
omponents in the frequency region (0kHz,3kHz] ; if num_tonal_fr(i,Z):Z , there are| 2 tonal
omponents in the fréquency region (6kHz,12kHz] .

he distribution.of'tonal components in the frequency domain is defined as the ratio of the tonal components
etween the §zth frequency region and the full band:

o —

Zl: num _tonal _ fr(n, j)

n=i—N,-1

2 {z num _tonal _fr(n,j)

£3 4 A faal £ 2
ULLU_LU’LML _j’ \L,J}_
n=i-N,~1| j=0

The running average of the numbers of tonal components is the average of the full band tonal components
over the latest NV, frames:
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i {i num _tonal _ fr(n, j)}

n=i-N,-1| j=0

num_tonal(i)= N
1

B.4.2.2 Spectral tilt feature analysis

For the i-th frame, the spectral tilt is computed by:

S50
spec _tflt(i)= 52
; [s(n)-s(n+1)]

where s n) is the input signal and N, is the frame length.

The runrling average of the spectral tilt is the average of the spectral tilt over the latest N, frames:

ZI: spec _tilt(n)

spec_njlt(i) ="

N,

The mean square deviation of the spectral tilt is computed by:

Zi: [spec _tilt(n)- W(n)]z

n=i—N;3-1

msd _spec tilt =
N3

B.4.2.3 | Full band energy

For the i{th frame, the full band (24kHz) energy is computed by:

ener(i)+10- 1og1{L szlsz(n)}

N2 n=0
where s n) is thelinput signal and N, is the frame length.

B.4.3 (oding mode decision

The coding mode of the i-th frame is denoted by coding_mode(i), and is set to FD_mode before the
decision is made. The mode decision is based on the following steps:

Step 1:

it num_tonal _fr(i,0)>=T and num _tonal _fr(i,2)<=T, ana ener(i)<=E,, then
coa’ing_mode(i ) = LPD mode
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if num_tonal _fr(i,0)>=T ana num tonal fr(i,2)<=T, ana ener(i)>E,, then
coding mode(i ) =coding _ mode(i — 1)

Step 2:

if msd _spec tilt(i)>=S, and ener(i) <=FE,, then coding_mode(i) = LPD mode

(i)
if msd _spec _ tilt(i) >=S, and ener(i) >E,, then coding _ mode(i) = coding _ mode(i — 1)
o)

i msd _spec_Tili\i)< S, , then coding _mode(i)=TD_mode

(d))

tep 3:

gount the number of the frames which have been decided as FFD _mode .

-

£ ¢<=N,/2 and coding_mode(i ) =FD mode , then coding_mode(i ) = LPD mode

(d))

tep 4:

i num tonal(i) >T,, then coding_mode(i) =FD mode

—

he threshold values are listed in Table B.1.

Table B.1 — Threshold values and constants for FD vs LPD mode decision

Name Constant Name Constant
N, 40 T, 17
N, 1024 S, 0.0021
N, 80 S, 0.00012
N, 90 E, 10
K 0.6 E, 21
T, 0.1459

B.4.4 Reference implementation

Refefence implementations of the algorithm are listed in Table B.2

Step 3 is a smoothing stage. For the i-th frame and the previous (N4 —1) frames, a.counter ¢ is defined to

Table B.2 — Reference implementation of FD vs LPD mode decision

File name Description
signal_classifier.c FD vs LPD mode decision
signal_classifier.h Prototype and constants
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B.5 Classification Based ACELP vs TCX Decision

B.5.1 General

Both parameters in time domain and frequency domain are exploited before ACELP or TCX. The very fast-
changing frames and very speech-like frames are committed to be encoded by ACELP, and other frames are
estimated by a close-loop selection by comparing the segmental SNR between different modes.

B.5.2 Algorithm Description

Inpdit Signal

_|Time Domain
| Classifier
Mode,
QMF Coef. A Mode and Bit stream
. |Freq. Domain Mode, _|Close-Loop |Parameters,| Encode
"|Classifier ”|Selection

A

I—Res et flag AC Context
Reset

Figure B.2 — Structure of Classification based ACELP-TCX Selection

In Figurg B.2, the QMF coefficients are from the SBR.“The closed-loop selection is just like the closed-log
ACELP-TCX selection in AMR-WB+ except the -modes of sub-frames are pre-estimated and weighte

here. Mpde, denotes the estimated mode of sub-frame k.

[e¥ne]

In B.5.3|to B.5.5 the procedures of the key functions in Figure B.2 are described and the thresholds arg
denoted ps thr, which can be found in B.5.6.

B.5.3 Time domain classification

Figure B|3 shows a block diagram of time domain classification.
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